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PREFACE 



This book is an entry-level text on the technology of telecommunications. It has been 
crafted with the newcomer in mind. The eighteen chapters of text have been prepared 
for high-school graduates who understand algebra, logarithms, and basic electrical prin- 
ciples such as Ohm’s law. However, many users require support in these areas so Appen- 
dices A and B review the essentials of electricity and mathematics through logarithms. 
This material was placed in the appendices so as not to distract from the main theme: 
the technology of telecommunication systems. Another topic that many in the industry 
find difficult is the use of decibels and derived units. Appendix C provides the reader 
with a basic understanding of decibels and their applications. The only mathematics 
necessary is an understanding of the powers of ten. 

To meet my stated objective, whereby this text acts as a tutor for those with no 
experience in telecommunications, every term and concept is carefully explained. Nearly 
all terminology can be traced to the latest edition of the IEEE dictionary and/or to the 
several ITU (International Telecommunication Union) glossaries. Other tools I use are 
analogies and real-life experiences. 

We hear the expression "going back to basics.” This book addresses the basics and 
it is written in such a way that it brings along the novice. The structure of the book is 
purposeful; later chapters build on earlier material. The book begins with some general 
concepts in telecommunications: What is connectivity. What do nodes do? From there 
we move on to the voice network embodied in the public switched telecommunications 
network (PSTN), digital transmission and networks, an introduction to data communi- 
cations. followed by enterprise networks. It continues with switching and signaling, the 
transmission transport, cable television, cellular/PCS, ATM, and network management. 
CCITT Signaling System No. 7 is a data network used exclusively for signaling. It was 
located after our generic discussion of data and enterprise networks. The novice would 
be lost in the explanation of System 7 without a basic understanding of data commu- 
nications. 

1 have borrowed heavily from my many enriching years of giving seminars, both at 
Northeastern University and at the University of Wisconsin — Madison. The advantage 
of the classroom is that the instructor can stop to reiterate or explain a sticky point. Not 
so with a book. As a result, I have made every effort to spot those difficult issues, and 
then give clear explanations. Brevity has been a challenge for me. Telecommunications 
is developing explosively. My goal has been to hit the high points and leave the details 
to my other texts. 

A major source of reference material has been the International Telecommunication 
Union (ITU). The ITU had a major reorganization on lanuary 1, 1993. Its two principal 
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subsidiary organizations, CCITT and CCIR, changed their names to ITU Telecommuni- 
cation Standardization Sector and the ITU Radio Communications Sector, respectively. 
Reference publications issued prior to January 1993 carry the older title: CCITT and 
CCIR. Standards issued after that date carry ITU-T for Telecommunication Sector pub- 
lications and ITU-R for the Radio Communications Sector documents. 
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INTRODUCTORY CONCEPTS 



1 .1 WHAT IS TELECOMMUNICATION? 

Many people call telecommunication the world’s most lucrative industry. If we add cel- 
lular and PCS users, 1 there are about 1800 million subscribers to telecommunication 
services world wide (1999). Annual expenditures on telecommunications may reach 
900,000 million dollars in the year 2000. 2 

Prior to divestiture, the Bell System was the largest commercial company in the United 
States even though it could not be found on the Fortune 500 listing of the largest com- 
panies. It had the biggest fleet of vehicles, the most employees, and the greatest income. 
Every retiree with any sense held the safe and dependable Bell stock. In 1982, Western 
Electric Co., the Bell System manufacturing arm, was number seven on the Fortune 500. 
However, if one checked the Fortune 100 Utilities, the Bell System was up on the top. 
Transferring this information to the Fortune 500, again put Bell System as the leader 
on the list. 

We know telecommunication is big business; but what is it? Webster's (Ref. 1) calls it 
communications at a distance. The IEEE dictionary (Ref. 2) defines telecommunications 
as “the transmission of signals over long distance, such as by telegraph, radio or tele- 
vision." Another term we often hear is electrical communication. This is a descriptive 
term, but of somewhat broader scope. 

Some take the view that telecommunication deals only with voice telephony, and 
the typical provider of this service is the local telephone company. We hold with a 
wider interpretation. Telecommunication encompasses the electrical communication at 
a distance of voice, data, and image information (e.g., TV and facsimile). These media, 
therefore, will be major topics of this book. The word media (medium, singular) also is 
used to describe what is transporting telecommunication signals. This is termed trans- 
mission media. There are four basic types of medium: (1) wire-pair, (2) coaxial cable, 
(3) fiber optics, and (4) radio. 



1.2 TELECOMMUNICATION WILL TOUCH EVERYBODY 

In industrialized nations, the telephone is accepted as a way of life. The telephone is con- 
nected to the public switched telecommunications network (PSTN) for local, national, 

'PCS, personal communication services, is a cellular-radiolike service covering a smaller operational area. 
2 We refrain from using billion because it is ambiguous. Its value differs, depending on where you come 
from. 
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and international voice communications. These same telephone connections may also 
carry data and image information (e.g., television). 

The personal computer (PC) is beginning to take on a similar role as the telephone, 
that of being ubiquitous. Of course, as we know, the two are becoming married. In 
most situations, the PC uses telephone connectivity to obtain internet and e-mail ser- 
vices. Radio adjuncts to the telephone, typically cellular and PCS, are beginning to offer 
similar services such as data communications (including internet) and facsimile (fax), as 
well as voice. The popular press calls these adjuncts wireless. Can we consider wireless 
in opposition to being wired ? 

Count the number of devices one has at home that carry out some kind of controlling 
or alerting function. They also carry out a personal communication service. Among 
these devices are television remote controls, garage-door openers, VCR and remote radio 
and CD player controllers, certain types of home security systems, pagers, and cordless 
telephones. We even take cellular radios for granted. 

In some countries, a potential subscriber has to wait months or years for a telephone. 
Cellular radio, in many cases, provides a way around the problem, where equivalent 
telephone service can be established in an hour — just enough time to buy a cellular 
radio in the local store and sign a contract for service. 

The PSTN has ever-increasing data communications traffic, where the network is 
used as a conduit for data. PSTN circuits may be leased or used in a dial-up mode for 
data connections. Of course, the Internet has given added stimulus to data circuit usage 
of the PSTN. The PSTN sees facsimile as just another data circuit, usually in the dial-up 
mode. Conference television traffic adds still another flavor to PSTN traffic and is also 
a major growth segment. 

There is a growing trend for users to bypass the PSTN partially or completely. The 
use of satellite links in certain situations is one method for PSTN bypass. Another is 
to lease capacity from some other provider. Other provider could be a power company 
with excess capacity on its microwave or fiber optic system. There are other examples, 
such as a railroad with extensive rights-of-way that are used by a fiber-optic network. 

Another possibility is to build a private network using any one or a combination of 
fiber optics, line-of-sight-microwave, and satellite communications. Some private net- 
works take on the appearance of a mini-PSTN. 



1.3 INTRODUCTORY TOPICS IN TELECOMMUNICATIONS 

An overall telecommunications network (i.e., the PSTN) consists of local networks inter- 
connected by a long-distance network. The concept is illustrated in Figure 1.1. This is 
the PSTN, which is open to public correspondence. It is usually regulated by a gov- 
ernment authority or may be a government monopoly, although there is a notable trend 
toward privatization. In the United States the PSTN has been a commercial enterprise 
since its inception. 



1.3.1 End-Users, Nodes, and Connectivities 

End-users, as the term tells us, provide the inputs to the network and are recipients of 
network outputs. The end-user employs what is called an I/O, standing for input/output 
(device). An I/O may be a PC, computer, telephone instrument, cellular/PCS telephone 
or combined device, facsimile, or conference TV equipment. It may also be some type 
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Figure 1 .1 The PSTN consists of local networks interconnected by a long-distance network. 



of machine that provides a stimulus to a coder or receives stimulus from a decoder in, 
say, some sort of SCADA system. 3 

End-users usually connect to nodes. We will call a node a point or junction in a 
transmission system where lines and trunks meet. A node usually carries out a switching 
function. In the case of the local area network (LAN), we are stretching the definition. 
In this case a network interface unit is used, through which one or more end-users may 
be connected. 

A connectivity connects an end-user to a node, and from there possibly through other 
nodes to some final end-user destination with which the initiating end-user wants to 
communicate. Figure 1.2 illustrates this concept. 



To/from other nodes 
or end users 




Figure 1.2 Illustrating the functions of end-users, nodes, and connectivity. 



3 SCADA stands for supervisory control and data acquisition. 
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The IEEE (Ref. 2) defines a connection as “an association of channels, switching sys- 
tems, and other functional units set up to provide means for a transfer of information 
between two or more points in a telecommunications network.” There would seem to 
be two interpretations of this definition. First, the equipment, both switching and trans- 
mission facilities, is available to set up a path from, say, point A to point B. Assume A 
and B to be user end-points. The second interpretation would be that not only are the 
circuits available, but they are also connected and ready to pass information or are in 
the information-passing mode. 

At this juncture, the end-users are assumed to be telephone users, and the path that 
is set up is a speech path (it could, of course, be a data or video path). There are three 
sequential stages to a telephone call: 

1. Call setup; 

2. Information exchange; and 

3. Call take down. 

Call setup is the stage where a circuit is established and activated. The setup is facilitated 
by signaling, which is discussed in Chapter 7. 4 It is initiated by the calling subscriber 
(user) going off-hook. This is a term that derives from the telephony of the early 1900s. 
It means "the action of taking the telephone instrument out of its cradle.” Two little 
knobs in the cradle pop up, pushed by a spring action, causing an electrical closure. If 
we turn a light on, we have an electrical closure allowing electrical current to pass. The 
same thing happens with our telephone set; it now passes current. The current source 
is a “battery” that resides at the local serving switch. It is connected by the subscriber 
loop. This is just a pair of copper wires connecting the battery and switch out to the sub- 
scriber premises and then to the subscriber instrument. The action of current flow alerts 
the serving exchange that the subscriber requests service. When the current starts to 
flow, the exchange returns a dial tone, which is audible in the headset (of the subscriber 
instrument). The calling subscriber (user) now knows that she/he may start dialing dig- 
its or pushing buttons on the subscriber instrument. Each button is associated with a 
digit. There are 10 digits, 0 through 9. Figure 1.3 shows a telephone end instrument 
connected through a subscriber loop to a local serving exchange. It also shows that all- 
important battery (battery feed bridge), which provides a source of current for the sub- 
scriber loop. 

If the called subscriber and the calling subscriber are in the same local area, only 



Battery 
feed bridge 



Switch 



Z 



Subscriber loop 




Subscriber 

subset 



D 



Figure 1 .3 A subscriber set is connected to a telephone exchange by a subscriber loop. Note the battery 
feed in the telephone serving switch. Distance D is the loop length discussed in Section 5.4. 



4 Signaling may be defined as the exchange of information specifically concerned with the establishment and 
control of connections, and the transfer of user-to-user and management information in a circuit-switched 
(e.g., the PSTN) network. 
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seven digits need be dialed. These seven digits represent the telephone number of the 
called subscriber (user). This type of signaling, the dialing of the digits, is called address 
signaling. The digits actuate control circuits in the local switch, allowing a connectivity 
to be set up. If the calling and called subscribers reside in the serving area of that local 
switch, no further action need be taken. A connection is made to the called subscriber 
line and the switch sends a special ringing signal down that loop to the called subscriber, 
and her/his telephone rings, telling her/him that someone wishes to talk to her/him on 
the telephone. This audible ringing is called alerting, another form of signaling. Once 
the called subscriber goes off-hook (i.e., takes the telephone out of its cradle), there is 
activated connectivity, and the call enters the information-passing phase, or phase 2 of 
the telephone call. 

When the call is completed, the telephones at each end are returned to their cradles, 
breaking the circuit of each subscriber loop. This, of course, is analogous to turning off 
a light; the current stops flowing. Phase 3 of the telephone call begins. It terminates the 
call, and the connecting circuit in the switch is taken down and freed-up for another 
user. Both subscriber loops are now idle. If a third user tries to call either subscriber 
during stages 2 and 3, she/he is returned a busy-back by the exchange (serving switch). 
This is the familiar “busy signal,’" a tone with a particular cadence. The return of the 
busy-back is a form of signaling called call-progress signaling. 

Suppose now that a subscriber wishes to call another telephone subscriber outside the 
local serving area of her/his switch. The call setup will be similar as before, except that 
at the calling subscriber serving switch the call will be connected to an outgoing trunk. 
As shown in Figure 1.4, trunks are transmission pathways that interconnect switches. To 
repeat: subscriber loops connect end-users (subscriber) to a local serving switch; trunks 
interconnect exchanges or switches. 

The IEEE (Ref. 2) dehnes a trunk as “a transmission path between exchanges or 
central offices." The word transmission in the IEEE definition refers to one (or several) 
transmission media. The medium might be wire-pair cable, fiber optic cable, micro- 
wave radio and, stretching the imagination, satellite communications. In the conven- 
tional telephone plant, coaxial cable has fallen out of favor as a transmission medium 
for this application. Of course, in the long-distance plant, satellite communication is 




Figure 1 .4 Subscriber loops connect telephone subscribers to their local serving exchange; trunks inter- 
connect exchanges (switches). 
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fairly widely employed, particularly for international service. Our preceding reference 
was for local service. 



1.3.2 Telephone Numbering and Routing 

Every subscriber in the world is identified by a number, which is geographically tied to 
a physical location. 5 This is the telephone number. The telephone number, as we used 
it here, is seven digits long. For example: 

234 - 5678 

The last four digits identify the subscriber line; the first three digits (i.e., 234) identify 
the serving switch (or exchange). 

For a moment, let’s consider theoretical numbering capacity. The subscriber number, 
those last four digits, has a theoretical numbering capacity of 10,000. The first telephone 
number issued could be 0000, the second number, if it were assigned in sequence, would 
be 0001, the third, 0002, and so on. At the point where the numbers ran out, the last 
number issued would be 9999. 

The first three digits of the preceding example contain the exchange code (or central 
office code). These three digits identify the exchange or switch. The theoretical maxi- 
mum capacity is 1000. If again we assign numbers in sequence, the first exchange would 
have 001, the next 002, then 003, and finally 999. However, particularly in the case of 
the exchange code, there are blocked numbers. Numbers starting with 0 may not be 
desirable in North America because 0 is used to dial the operator. 

The numbering system for North America (United States, Canada, and Caribbean 
islands) is governed by the NANP or North American Numbering Plan. It states that 
central office codes (exchange codes) are in the form NXX where N can be any number 
from 2 through 9 and X can be any number from 0 through 9. Numbers starting with 0 
or 1 are blocked numbers. This cuts the total exchange code capacity to 800 numbers. 
Inside these 800 numbers there are five blocked numbers such as 555 for directory 
assistance and 958/959 for local plant test. 

When long-distance service becomes involved, we must turn to using still an addi- 
tional three digits. Colloquially we call these area codes. In the official North American 
terminology used in the NANP is NPA for numbering plan area, and we call these area 
codes NPA codes. We try to assure that both exchange codes and NPA codes do not 
cross political/administrative boundaries. What is meant here are state, city, and county 
boundaries. We have seen exceptions to the county/city rule, but not to the state. For 
example, the exchange code 443 (in the 508 area code, middle Massachusetts) is exclu- 
sively for the use of the town of Sudbury, Massachusetts. Bordering towns, such as 
Framingham, will not use that number. Of course, that exchange code number is meant 
for Sudbury’s singular central office (local serving switch). 

There is similar thinking for NPAs (area codes). In this case it is that these area codes 
may not cross state boundaries. For instance, 212 is for Manhattan and may not be used 
for northern New lersey. 

Return now to our example telephone call. Here the calling party wishes to speak 



5 This will change. At least in North America, we expect to have telephone number portability. Thus, 
whenever one moves to a new location, she/he takes her/his telephone number with them. Will we see 
a day when telephone numbers are issued at birth, much like social security numbers? 




1.3 INTRODUCTORY TOPICS IN TELECOMMUNICATIONS 7 




Figure 1.5 Example connectivity subscriber-to-subscriber through two adjacent exchanges. 



to a called party that is served by a different exchange (central office). 6 We will assign 
the digits 234 for the calling party’s serving exchange; for the called party’s serving 
exchange we assign the digits 447. This connectivity is shown graphically in Figure 1.5. 
We described the functions required for the calling party to reach her/his exchange. This 
is the 234 exchange. It examines the dialed digits of the called subscriber, 447-8765. 
To route the call, the exchange will only work upon the first three digits. It accesses 
its local look-up table for the routing to the 447 exchange and takes action upon that 
information. An appropriate vacant trunk is selected for this route and the signaling for 
the call advances to the 447 exchange. Here this exchange identifies the dialed number 
as its own and connects it to the correct subscriber loop, namely, the one matching the 
8765 number. Ringing current is applied to the loop to alert the called subscriber. The 
called subscriber takes her/his telephone off-hook and conversation can begin. Phases 
2 and 3 of this telephone call are similar to our previous description. 

1.3.3 Use of Tandem Switches in a Local Area Connectivity 

Routing through a tandem switch is an important economic expedient for a telephone 
company or administration. We could call a tandem switch a traffic concentrator. Up to 
now we have discussed direct trunk circuits. To employ a direct trunk circuit, there must 
be sufficient traffic to justify such a circuit. One reference (Ref. 3) suggests a break point 
of 20 erlangs. 7 For a connectivity with traffic intensity under 20 erlangs for the busy 
hour (BH), the traffic should be routed through a tandem (exchange). For traffic inten- 
sities over that value, establish a direct route. Direct route and tandem connectivities 
are illustrated in Figure 1.6. 

1.3.4 Busy Hour and Grade of Service 

The PSTN is very inefficient. This inefficiency stems from the number of circuits and 
the revenue received per circuit. The PSTN would approach 100% efficiency if all the 
circuits were used all the time. The fact is that the PSTN approaches total capacity 
utilization for only several hours during the working day. After 10 P.M. and before 7 
A.M. capacity utilization may be 2% or 3%. 

The network is dimensioned (sized) to meet the period of maximum usage demand. 

6 The term office or central office is commonly used in North America for a switch or an exchange. The 
terms switch, office, and exchange are synonymous. 

7 The erlang is a unit of traffic intensity. One erlang represents one hour of line (circuit) occupancy. 
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Figure 1 .6 Direct route and tandem connectivities. 



This period is called the busy hour (BH). There are two periods where traffic demand on 
the PSTN is maximum-one in the morning and one in the afternoon. This is illustrated 
in Figure 1.7. 

Note the two traffic peaks in Figure 1.7. These are caused by business subscribers. If 
the residential and business curves were combined, the peaks would be much sharper. 
Also note that the morning peak is somewhat more intense than the afternoon busy hour. 
In North America (i.e., north of the Rio Grande river), the busy hour BH is between 
9 : 30 A.M. and 10 : 30 A.M. Because it is more intense than the afternoon high-traffic 
period, it is called the BH. There are at least four distinct definitions of the busy hour. 
We quote only one: “That uninterrupted period of 60 minutes during the day when the 
traffic offered is maximum.” Other definitions may be found in (Ref. 4). 

BH traffic intensities are used to dimension the number of trunks required on a con- 
nectivity as well as the size of (a) switch(es) involved. Now a PSTN company (admin- 
istration) can improve its revenue versus expenditures by cutting back on the number 




Residential subscribers 



Business subscribers 

Figure 1.7 The busy hour. 
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of trunks required and making switches “smaller." Of course, network users will do a 
lot of complaining about poor service. Let’s just suppose the PSTN does just that — cuts 
back on the number of circuits. Now, during the BH period, a user may dial a number 
and receive either a voice announcement or a rapid-cadence tone telling the user that all 
trunks are busy (ATB) and to try again later. From a technical standpoint, the user has 
encountered blockage. This would be due to one of two reasons, or may be due to both 
causes. These are: insufficient switch capacity and not enough trunks to assign during 
the BH. There is a more in-depth discussion of the busy hour in Section 4.2.1. 

Networks are sized/dimensioned for a traffic load expected during the busy hour. 
The sizing is based on probability, usually expressed as a decimal or percentage. That 
probability percentage or decimal is called the grade of service. The IEEE (Ref. 2) 
defines grade of service as “the proportion of total calls, usually during the busy hour, 
that cannot be completed immediately or served within a prescribed time.” 

Grade of service and blocking probability are synonymous. Blocking probability 
objectives are usually stated as B = 0.01 or 1%. This means that during the busy hour 
1 in 100 calls can be expected to meet blockage. 

1.3.5 Simplex, Half-Duplex-, and Full Duplex 

These are operational terms, and they will be used throughout this text. Simplex is one- 
way operation; there is no reply channel provided. Radio and television broadcasting 
are simplex. Certain types of data circuits might be based on simplex operation. 

Half-duplex is a two-way service. It is defined as transmission over a circuit capable 
of transmitting in either direction, but only in one direction at a time. 

Full duplex or just duplex defines simultaneous two-way independent transmission on 
a circuit in both directions. All PSTN-type circuits discussed in this text are considered 
using full duplex operation unless otherwise specified. 

1.3.6 One-Way and Two-Way Circuits 

Trunks can be configured for either one-way or two-way operation. 8 A third option is 
a hybrid, where one-way circuits predominate and a number of two-way circuits are 
provided for overflow situations. Figure 1.8a shows two-way trunk operation. In this 
case any trunk can be selected for operation in either direction. The insightful reader 
will observe that there is some fair probability that the same trunk can be selected from 
either side of the circuit. This is called double seizure. It is highly undesirable. One way 
to reduce this probability is to use normal trunk numbering (from top down) on one side 
of the circuit (at exchange A in the figure) and to reverse trunk numbering (from the 
bottom up) at the opposite side of the circuit (exchange B). 

Figure 1.8fc shows one-way trunk operation. The upper trunk group is assigned for 
the direction from A to B and the lower trunk group for the opposite direction, from 
exchange B to exchange A. Here there is no possibility of double seizure. 

Figure 1.8c illustrates a typical hybrid arrangement. The upper trunk group carries 
traffic from exchange A to exchange B exclusively. The lowest trunk group carries traf- 
fic in the opposite direction. The small, middle trunk group contains two-way circuits. 
Switches are programmed to select from the one-way circuits first, until all these circuits 
become busy, then they may assign from the two-way circuit pool. 

Let us clear up some possible confusion here. Consider the one-way circuit from A 

8 Called both-way in the United Kingdom and in CCITT documentation. 




1 0 INTRODUCTORY CONCEPTS 




Figure 1 .8 Two-way and one-way circuits: two-way operation (a), one-way operation ( b ), and a hybrid 
scheme, a combination of one-way and two-way operation (c). 



to B, for example. In this case, calls originating at exchange A bound for exchange B 
in Figure 1.8 b are assigned to the upper trunk group. Calls originating at exchange B 
destined for exchange A are assigned from the pool of the lower trunk group. Do not 
confuse these concepts with two-wire and four-wire operation, discussed in Chapter 4, 
Section 4.4. 

1.3.7 Network Topologies 

The IEEE (Ref. 2) defines topology as “the interconnection pattern of nodes on a net- 
work.” We can say that a telecommunication network consists of a group of intercon- 
nected nodes or switching centers. There are a number of different ways we can inter- 
connect switches in a telecommunication network. 

If every switch in a network is connected to all other switches (or nodes) in the 
network, we call this “pattern” a full-mesh network. Such a network is shown in Figure 
1.9«. This figure has 8 nodes. 9 

9 The reader is challenged to redraw the figure adding just one node for a total of nine nodes. Then add a 
tenth and so on. The increasing complexity becomes very obvious. 







1.3 INTRODUCTORY TOPICS IN TELECOMMUNICATIONS 11 




Figure 1.9a A full-mesh network connecting eight nodes. 



In the 1970s, Madrid (Spain) had 82 switching centers connected in a full-mesh net- 
work. A full-mesh network is very survivable because of a plethora of possible alter- 
native routes. 

Figure 1.9 b shows a star network. It is probably the least survivable. However, it 
is one of the most economic nodal patterns both to install and to administer. Figure 
1.9c shows a multiple star network. Of course we are free to modify such networks by 
adding direct routes. Usually we can apply the 20 erlang rule in such situations. If a 
certain traffic relation has 20 erlangs or more of BH traffic, a direct route is usually 
justified. The term traffic relation simply means the traffic intensity (usually the BH 
traffic intensity) that can be expected between two known points. For instance, between 
Albany, NY, and New York City there is a traffic relation. 10 On that relation we would 
probably expect thousands of erlangs during the busy hour. 

Figure 1.9 d shows a hierarchical network. It is a natural outgrowth of the multiple star 
network shown in Figure 1.9c. The PSTNs of the world universally used a hierarchical 
network; CCITT recommended such a network for international application. Today there 
is a trend away from this structure or, at least, there will be a reduction of the number 
of levels. In Figure 1 .9 d there are five levels. The highest rank or order in the hierarchy 



B C 




Figure 1.9 b A star network. 



10 Albany is the capital of the state of New York. 
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is the class 1 center (shown as 1 in the figure), and the lowest rank is the class 5 office 
(shown as 5 in the figure). The class 5 office (switch), often called an end office, is the 
local serving switch, which was discussed previously. Remember that the term office is 
a North American term meaning switching center, node, or switch. 

In a typical hierarchical network, high-usage (HU) routes may be established, regard- 
less of rank in the hierarchy, if the traffic intensity justifies. A high-usage route or con- 
nectivity is the same as a direct route. We tend to use direct route when discussing the 
local area and we use high-usage routes when discussing a long-distance or toll net- 
work. 



1. 3.7.1. Rules of Conventional Hierarchical Networks. One will note the back- 
bone structure of Figure 1 .9 d. If we remove the high-usage routes (dashed lines in the 
figure), the backbone structure remains. This backbone is illustrated in Figure 1.10. In 
the terminology of hierarchical networks, the backbone represents the final route from 
which no overflow is permitted. 

Let us digress and explain what we mean by overflow. It is defined as that part of the 
offered traffic that cannot be carried by a switch over a selected trunk group. It is that 
traffic that met congestion, what was called blockage earlier. We also can have overflow 
of a buffer (a digital memory), where overflow just spills, and is lost. 

In the case of a hierarchical network, the overflow can be routed over a different 
route. It may overflow on to another HU route or to the final route on the backbone 
(see Figure 1.10). 

A hierarchical system of routing leads to simplified switch design. A common expres- 
sion used when discussing hierarchical routing and multiple star configurations is that 
lower-rank exchanges home on higher-rank exchanges. If a call is destined for an 
exchange of lower rank in its chain, the call proceeds down the chain. In a similar 
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Figure 1.10 The backbone of a hierarchical network. The backbone traces the final route. 
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manner, if a call is destined for another exchange outside the chain (the opposite side of 
Figure 1 .9 d), it proceeds up the chain and across. When high-usage routes exist, a call 
may be routed on a route additional or supplementary to the pure hierarchy, proceeding 
to the distant transit center and then descending to the destination. 11 Of course, at the 
highest level in a pure hierarchy, the call crosses from one chain over to the other. In 
hierarchical networks only the order of each switch in the hierarchy and those additional 
high usage links (routes) that provide access need be known. In such networks admin- 
istration is simplified, and storage or routing information is reduced, when compared to 
the full-mesh type of network, for example. 

1. 3.7.2. Trend Away from the Hierarchical Structure. There has been a decided 
trend away from hierarchical routing and network structure. However, there will always 
be some form of hierarchical structure into the foreseeable future. The change is brought 
about due to two factors: (1) transmission and (2) switching. Since 1965, transmission 
techniques have taken leaps forward. Satellite communications allowed direct routes 
some one-third the way around the world. This was followed by the introduction of 
fiber optic transmission, providing nearly infinite bandwidth, low loss, and excellent 
performance properties. These transmission techniques are discussed in Chapter 9. 

In the switching domain, the stored program control (SPC) switch had the computer 
brains to make nearly real-time decisions for routing. 12 This brought about dynamic 
routing such as AT&T DNHR (dynamic nonhierarchical routing). The advent of CCITT 
Signaling System No. 7 (Chapter 7), working with high-speed computers, made it pos- 
sible for optimum routing based on real-time information on the availability of route 
capacity and shortest routes. Thus the complex network hierarchy started to become 
obsolete. 

Nearly all reference to routing hierarchy disappeared from CCITT in the 1988 Plenary 
Session (Melbourne) documents. International connectivity is by means of direct/high- 
usage routes. In fact, CCITT Rec. E.172 (Geneva 10/92) states that "In the ISDN era, it 
is suggested that the network structure be non-hierarchical, . . .” 13 Of course, reference 
is being made here to the international network. 



1.3.8 Variations in Traffic Flow 

In networks covering large geographic expanses and even in cases of certain local net- 
works. there may be a variation of the time of day of the BH or in a certain direction 
of traffic flow. It should be pointed out that the busy hour is tied up with a country’s 
culture. Countries have different working habits and standard business hours vary. In 
Mexico, for instance, the BH is more skewed toward noon because Mexicans eat lunch 
later than do people in the United States. 

In the United States business traffic peaks during several hours before and several 
hours after the noon lunch period on weekdays, and social calls peak in early evening. 
Traffic flow tends to be from suburban living areas to urban center in the morning, and 
the reverse in the evening. 

In national networks covering several time zones, where the difference in local time 



transit center or transit exchange is a term used in the long-distance network for a tandem exchange. 
The term tandem exchange is reserved for the local network. 

12 SPC stands for stored program control. This simply means a switch that is computer controlled. SPC 
switches started appearing in 1975. 

13 ISDN stands for Integrated Services Digital Network(s). This is discussed in Section 12.4. 




1.4 QUALITY OF SERVICE 15 



may be appreciable, long-distance traffic tends to be concentrated in a few hours com- 
mon to BH peaks at both ends. In such cases it is possible to direct traffic so that peaks 
of traffic in one area (time zone) fall into valleys of traffic of another area. This is called 
taking advantage of the noncoincident busy hour. The network design can be made more 
optimal if configured to take advantage of these phenomena, particularly in the design 
of direct routes and overflow routes. 



1.4 QUALITY OF SERVICE 

Quality of service (QoS) appears at the outset to be an intangible concept. However, it 
is very tangible for a telephone subscriber unhappy with his or her service. The concept 
of service quality must be covered early in an all-encompassing text on telecommuni- 
cations. System designers should never once lose sight of the concept, no matter what 
segment of the system they may be responsible for. Quality of service means how happy 
the telephone company (or other common carrier) is keeping the customer. For instance, 
we might find that about half the time a customer dials, the call goes awry or the caller 
cannot get a dial tone or cannot hear what is being said by the party at the other end. All 
these have an impact on quality of service. So we begin to find that QoS is an important 
factor in many areas of the telecommunications business and means different things to 
different people. In the old days of telegraphy, a rough measure of how well the system 
was working was the number of service messages received at the switching center. In 
modern telephony we now talk about service observation. 

The transmission engineer calls QoS customer satisfaction, which is commonly mea- 
sured by how well the customer can hear the calling party. The unit for measuring how 
well we can hear a distant party on the telephone is loudness rating, measured in deci- 
bels (dB). From the network and switching viewpoints, the percentage of lost calls (due 
to blockage or congestion) during the BH certainly constitutes another measure of ser- 
vice quality. Remember, this item is denominated grade of service. One target figure 
for grade of service is 1 in 100 calls lost during the busy hour. Other elements to be 
listed under QoS are: 

• Delay before receiving dial tone (dial tone delay)', 

• Post dial(ing) delay (time from the completion of dialing the last digit of a number 
to the first ring-back of the called telephone). 14 This is the primary measure of 
signaling quality; 

• Availability of service tones [e.g., busy tone, telephone out of order, time out, and 
all trunks busy (ATB)]; 

• Correctness of billing; 

• Reasonable cost of service to the customer; 

• Responsiveness to servicing requests; 

• Responsiveness and courtesy of operators; and 

• Time to installation of a new telephone and. by some, the additional services offered 
by the telephone company. 



14 Ring-back is a call-progress signal telling the calling subscriber that a ringing signal is being applied to 
the called subscriber’s telephone. 
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One way or another each item, depending on the service quality goal, will have an 
impact on the design of a telecommunication system. 



1.5 STANDARDIZATION IN TELECOMMUNICATIONS 

Standardization is vital in telecommunications. A rough analogy — it allows worldwide 
communication because we all “speak a standard language.” Progressing through this 
book, the reader will find that this is not strictly true. However, a good-faith attempt is 
made in nearly every case. 

There are international, regional, and national standardization agencies. There are at 
least two international agencies that impact telecommunications. The most encompass- 
ing is the International Telecommunication Union (ITU) based in Geneva, Switzerland, 
which has produced more than 1000 standards. Another is the International Standardiza- 
tion Organization (ISO), which has issued a number of important data communication 
standards. 

Unlike other standardization entities, the ITU is a treaty organization with more 
treaty signatories than the United Nations. Its General Secretariat produces the Radio 
Regulations. This document set is the only one that is legally binding on the nations 
that have signed the treaty. In addition, two of the ITU's subsidiary organizations pre- 
pare and disseminate documents that are recommendations, reports, or opinions, and 
are not legally binding on treaty signatories. However they serve as worldwide stan- 
dards. 

The ITU went through a reorganization on lanuary 1, 1993. Prior to that the two 
important branches were the CCITT. standing for International Consultive Committee 
for Telephone and Telegraph, and the CCIR. standing for International Consultive Com- 
mittee for Radio. After the reorganization, the CCITT became the Telecommunication 
Standardization Sector of the ITU, and the CCIR became the ITU Radiocommunication 
Sector. The former produces ITU-T Recommendations and the latter produces ITU- 
R Recommendations. The ITU Radiocommunications Sector essentially prepares the 
Radio Regulations for the General Secretariat. 

We note one important regional organization, ETSI, the European Telecommunica- 
tion Standardization Institute. For example, it is responsible for a principal cellular radio 
specification — GSM or Ground System Mobile (in the French). Prior to the 1990s. ETSI 
was the Conference European Post and Telegraph or CEPT. CEPT produced the Euro- 
pean version of digital network PCM, previously called CEPT30+2 and now called 
E-l. 

There are numerous national standardization organizations. There is the American 
National Standards Institute based in New York City that produces a wide range of stan- 
dards. The Electronics Industries Association (EIA) and the Telecommunication Industry 
Association (TIA), are both based in Washington, DC, and are associated one with the 
other. Both are prolific preparers of telecommunication standards. The Institute of Elec- 
trical and Electronic Engineers (IEEE) produces the 802 series specifications, which are 
of particular interest to enterprise networks. There are the Advanced Television Systems 
Committee (ATSC) standards for video compression, and the Society of Cable Telecom- 
munication Engineers that produce CATV (cable television) standards. Another impor- 
tant group is the Alliance for Telecommunication Industry Solutions. This group pre- 
pares standards dealing with the North American digital network. Bellcore (Bell Com- 
munications Research) is an excellent source for standards with a North American flavor. 
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These standards were especially developed for the Regional Bell Operating Companies 
(RBOCs). There are also a number of forums. A forum, in this context, is a group of 
manufacturers and users that band together to formulate standards. For example, there 
is the Frame Relay Forum, the ATM Forum, and so on. Often these ad hoc industrial 
standards are adopted by CCITT, ANSI, and the ISO, among others. 



1.6 ORGANIZATION OF THE PSTN IN THE UNITED STATES 

Prior to 1984 the PSTN in the United States consisted of the Bell System (part of AT&T) 
and a number of independent telephone companies such as GTE. A U.S. federal court 
considered the Bell System/AT&T a monopoly and forced it to divest its interests. 

As part of the divestiture, the Modification and Final ludgment (MFJ) called for 
the separation of exchange and interexchange telecommunications functions. Exchange 
services are provided by RBOCs; interexchange services are provided by other than 
RBOC entities. What this means is that local telephone service may be provided by 
the RBOCs and long-distance (interexchange) services by non-RBOC entities such as 
AT&T, Sprint, MCI, and WorldCom. 

New service territories called local access and transport areas (LATAs), also referred 
to as service areas by some RBOCs, were created in response to the MFI exchange-area 
requirements. LATAs serve the following two basic purposes: 

1. They provide a method for delineating the area within which the RBOCs may 
offer services. 

2. They provided a basis for determining how the assets of the former Bell System 
were to be divided between the RBOCs and AT&T at divestiture. 

Appendix B of the MFI requires each RBOC to offer equal access through RBOC 
end offices (local exchanges) in a LATA to all interexchange carriers (IXCs). All carriers 
must be provided services that are equal in type, quality, and price to those provided 
by AT&T. 

We define a LEC (local exchange carrier) as a company that provides intraLATA 
telecommunication within a franchised territory. A LATA defines those areas within 
which a LEC may offer telecommunication services. Many independent LECs are asso- 
ciated with RBOCs in LATAs and provide exchange access individually or jointly with 
a RBOC. 



1.6.1 Points of Presence 

A point of presence (POP) is a location within a LATA that has been designated by an 
access customer for the connection of its facilities with those of a LEC. Typically, a 
POP is a location that houses an access customer’s switching system or facility node. 
Consider an “access customer” as an interexchange carrier, such as Sprint or AT&T. 

At each POP, the access customer is required to designate a physical point of ter- 
mination (POT) consistent with technical and operational characteristics specified by 
the LEC. The POT provides a clear demarcation between the LEC’s exchange access 
functions and the access customer’s interexchange functions. The POT generally is a 
distribution frame or other item of equipment (a cross-connect) at which the LEC’s 
access facilities terminate and where cross-connection, testing, and service verification 
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can occur. A later federal court judgement (1992) required an LEC to provide space for 
equipment for CAPs (competitive access providers). 

REVIEW EXERCISES 

1. Define telecommunications . 

2. Identify end-users. 

3. What is/are the function(s) of a node ? 

4. Define a connectivity. 

5. What are the three phases of a telephone call? 

6. Describe on-hook and off-hook. 

7. What is the function of the subscriber loopl 

8. What is the function of the battery ? 

9. Describe address signaling and its purpose. 

10. Differentiate trunks from subscriber loops (subscriber lines). 

11. What is the theoretical capacity of a four-digit telephone number? Of a three-digit 
exchange number? 

12. What is the common colloquial name for an NPA code ? 

13. What is the rationale for having a tandem switch ? 

14. Define grade of service. What value would we have for an objective grade of 
service? 

15. How can we improve grade of service? Give the downside of this. 

16. Give the basic definition of the busy hour. 

17. Differentiate simplex , half-duplex, and full duplex. 

18. What is double seizure ? 

19. On what kind of trunk would double seizure occur? 

20. What is a full-mesh network? What is a major attribute of a mesh network? 

21. What are two major attributes of a star network ? 

22. Define a traffic relation. 

23. On a hierarchical network, what is final route ? 

24. Give at least three reasons for the trend away from hierarchical routing. 

25. List at least six QoS items. 

26. List at least one international standardization body, one regional standardization 
group, and three U.S. standardization organizations. 

27. Define a POP and POT. 




REFERENCES 19 



REFERENCES 

1. Webster’s Third International Dictionary, G&C Merriam Co., Springfield, MA, 1981. 

2. IEEE Standard Dictionary of Electrical and Electronic Terms, 6th ed„ IEEE Std. 100-1996. 
IEEE, New York, 1996. 

3. Telecommunication Planning, ITT Laboratories of Spain, Madrid, 1973. 

4. R. L. Freeman, Telecommunication System Engineering, 3rd ed., Wiley, New York, 1996. 




Fundamentals of Telecommunications. Roger L. Freeman 
Copyright © 1999 Roger L. Freeman 
Published by John Wiley & Sons, Inc. 
ISBNs: 0-471-29699-6 (Hardback); 0-471-22416-2 (Electronic) 



2 



SIGNALS CONVEY INTELLIGENCE 



2.1 OBJECTIVE 

Telecommunication deals with conveying information with electrical signals. This chap- 
ter prepares the telecommunication novice with some very basic elements of telecom- 
munications. We are concerned about the transport and delivery of information. The first 
step introduces the reader to early signaling techniques prior to the middle of the 19 th 
century when Samuel Morse opened the first electrical communication circuit in 1843. 

The next step is to introduce the reader to some basic concepts in electricity, which 
are mandatory for an understanding of how telecommunications works from a technical 
perspective. For an introduction to electricity, the reader should consult Appendix A. 
After completion of this chapter, the user of this text should have a grasp of electrical 
communications and its units of measure. Specifically we will introduce an electrical 
signal and how it can carry intelligence. We will differentiate analog and digital trans- 
mission with a very first approximation. 

Binary digital transmission will then be introduced starting with binary numbers and 
how they can be very simply represented electrically. We then delve into conducted 
transmission. That is the transport of an electrical signal on a copper-wire pair, on 
coaxial cable, and then by light in a fiber optic strand of glass. Radio transmission 
and the concept of modulation will then be introduced. 

2.2 SIGNALS IN EVERYDAY LIFE 

Prior to the advent of practical electrical communication, human beings have been sig- 
naling over a distance in all kinds of ways. The bell in the church tower called people 
to religious services or “for whom the bell tolls” — the announcement of a death. We 
knew a priori several things about church bells. We knew approximately when services 
were to begin, and we knew that a long, slow tolling of the bells announced death. 
Thus we could distinguish one from the other, namely, a call to religious services or the 
announcement of death. Let us call lesson 1, a priori knowledge. 

The Greeks used a relay of signal fires to announce the fall of Troy. They knew a 
prior that a signal fire in the distance announced victory at Troy. We can assume that 
no fire meant defeat. The fires were built in a form of relay, where a distant fire was 
just visible with the naked eye, the sight of which caused the lighting of a second fire, 
and then a third, fourth, and so on, in a line of fires on nine hills terminating in Queen 
Clytemenestra’s palace in Argos, Greece. It also announced the return of her husband 
from the battle of Troy. 
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Human beings communicated with speech, which developed and evolved over thou- 
sands of years. This was our principal form of communication. However, it was not 
exactly "communication at a distance.” Speech distance might be measured in feet or 
meters. At the same time there was visual communication with body language and facial 
expressions. This form of communication had even more limited distance. 

Then there was semaphore, which was very specialized and required considerable 
training. Semaphore was slow but could achieve some miles of distance using the man- 
ual version. 

Semaphore consisted of two flags, one in each hand. A flag could assume any one of 
six positions 45 degrees apart. The two flags then could have six times six, or 36 unique 
positions. This accommodated the 25-letter alphabet and 10 numbers. The letters i and 
j became one letter for the 26-letter alphabet. 

A similar system used in fixed locations, often called signal hills or telegraph hills, 
was made up of a tower with a movable beam mounted on a post. Each end of a beam 
had a movable indicator or arm that could assume seven distinct positions, 45 degrees 
apart. With two beams, there were 49 possibilities, easily accommodating the alphabet, 
ten digits, and punctuation. The origin of this “telegraph” is credited to the French in 
the very late eighteenth century. It was used for defense purposes linking Toulon to 
Paris. There were 120 towers some three to six miles apart. It took forty minutes to 
transmit signals across the system, with about three signals a minute. It was called the 
Chappe semaphore, named after its inventor. Weather and darkness, of course, were 
major influences. One form of railroad signals using the signal arm is still in use in 
some areas today. 

The American Indian used smoke signals by day and fires at night. The use of a drum 
or drums for distance communication was common in Africa. 

Electrical telegraph revolutionized distance communications. We use the date of 1843 
for its practical inception. It actually has roots well prior to this date. Many of the famous 
names in the lore of electricity became involved. For example, Hans Christian Oersted 
of Denmark proposed the needle telegraph in 1819. Gauss and Weber built a 2.3-km 
(1.4-mile), two-wire telegraph line using a technique known as the galvanometer-mirror 
device in 1833 in Germany. Then there was the Cooke and Wheatstone five-needle 
telegraph, which was placed into operation in 1839 in the United Kingdom. It was meant 
for railroad application and used a code of 20 letters and 10 numerals to meet railway 
requirements. 

It was while the United States Congress in 1837 was considering a petition to autho- 
rize a New York to New Orleans Chappe semaphore line that Samuel F. B. Morse argued 
for the U.S. government to support his electrical telegraph. The government appropriated 
the money in early 1843. The first operational line was between New York and Baltimore. 
Within 20 years the telegraph covered the United States from coast to coast. The first phase 
of electrical communications was completed. It revolutionized our lives. (Ref. 1 ). 



2.3 BASIC CONCEPTS OF ELECTRICITY FOR COMMUNICATIONS 
2.3.1 Early Sources of Electrical Current 

Rather crude dry-cell batteries were employed in the earlier periods of telegraph as 
an electrical current source. Their development coincided with the Morse telegraph (ca. 
1835-1840). They produced about 1.5 volts (direct current) per cell. To achieve a higher 
voltage, cells were placed in series. Figure 2.1 a shows the standard graphic notation for 
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T 

Figure 2.1a Graphic notation of a single dry cell. 




T 

Figure 2.1 b Graphic notation of a “battery” of dry cells. 




Figure 2.1 c How dry cells can be connected in series to increase voltage. 



a cell; Figure 2.1ft shows the graphic symbol for a battery made up of several cells. 
A drawing of a battery made up of four cells is illustrated in Figure 2.1c. A dry cell 
stores chemical energy from which, when its positive electrode is connected through 
some resistive device to the negative electrode, a current will flow. A battery of cells 
was the simple power source for a telegraph circuit. 

2.3.2 Electrical Telegraph: An Early Form of Long-Distance 
Communications 

Let’s connect a battery terminal (or electrode) with a length of copper wire looping 
it back to the other electrode. A buzzer or other sound-generating device is inserted 
into that loop at the farthest end of the wire before looping back; we now have the 
essentials of a telegraph circuit. This concept is shown in Figure 2.2. The loop has 
a certain resistance, which is a function of its length and the diameter of the wire. 
The longer we make the loop, the greater the resistance. As the length increases (the 
resistance increases), the current in the loop decreases. There will be some point where 
the current (in amperes) is so low that the buzzer will not work. The maximum loop 
length can be increased by using wire with a greater diameter. It can be increased still 
further by using electrical repeaters placed near the maximum length point. Another 
relay technique involves a human operator. At the far end of the loop an operator copies 
the message and retransmits it down the next leg of the circuit. 

2.3.2.I. Conveying Intelligence over the Electrical Telegraph. This model of a 
simple telegraph circuit consists of a copper wire loop with a buzzer inserted at the 
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distant end where the wire pair loops around. At the near end. which we may call the 
transmitting end. there is an electrical switch, which we will call a key. The key consists 
of two electrical contacts, which, when pressed together, make contact, closing the cir- 
cuit and permitting current to flow. The key is spring-loaded, which keeps it normally 
in the open position (no current flow). 

To convey intelligence, the written word, a code was developed by Morse, consisting 
of three elements: a dot , where the key was held down for a very short period of time; 
a dash , where the key was held down for a longer period of time; and a space, where 
the key was left in the “up" position and no current flowed. By adjusting the period of 
time of spaces, the receiving operator could discern the separation of characters (A, B, 
C, ... Z) and separation of words, where the space interval was longer. Table 2.1 shows 



Table 2.1 Two Versions of the Morse Code 
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Column A is the American Morse Code; Column B is the International Morse Code. 
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Figure 2.3 A practical elementary telegraph circuit with ground return. 



two versions of the Morse code: land-line and international. By land-line, we mean a 
code used to communicate over land by means of wire conductors. The international 
Morse code was developed somewhat later, and was used by radio. 

A more practical telegraph system is illustrated in Figure 2.3. Note that the figure 
has just one metallic wire connecting the west station to the east station. The second 
wire is replaced with ground. The earth is a good conductor, and so we use earth, called 
ground, as the second conductor (or wire). Such a telegraph system is called single-wire 
ground return. 

This is a similar circuit as that shown in Figure 2.2. In this case, when both keys are 
closed, a dc (direct current) circuit is traced from a battery in the west station through 
the key and relay at that point to the line wire; from there through the relay and key at 
the east station and back through the earth (ground) to the battery. The relays at each 
end, in turn, control the local circuits, which include a separate battery and a sounder 
(e.g., buzzer or other electric sounding device). Opening and closing the key at one end, 
while the key at the other end is closed, causes both sounders to operate accordingly. 

A relay is a switch that is controlled electrically. It consists of wire wrapped around 
an iron core and a hinged metal strip is normally open. When current flows through the 
windings (i.e., the wire wrapped around the core) a magnetic field is set up. drawing 
the hinged metal strip into a closed position, causing current to flow in the secondary 
circuit. It is a simple open-and-closed device such that when current flows there is a 
contact closure (the metal strip), and when there is no current through the windings, the 
circuit is open. Of course, there is a spring on the metal strip holding it open except 
when current flows. 

Twenty years after Morse demonstrated his telegraph on a New York-Baltimore- 
Washington route, telegraph covered the country from coast to coast. It caused a revolu- 
tion in communications. When I worked in Ecuador in 1968, single-wire ground return 
telegraph reached every town in the country. It was the country’s principal means of 
electrical communication (Ref. 2). 



2.3.3 What Is Frequency? 

To understand more advanced telecommunication concepts, we need a firm knowledge 
of frequency and related parameters such as band and bandwidth, wavelength, period, 
and phase. Let us first define frequency and relate it to everyday life. 

The IEEE defines frequency as “the number of complete cycles of sinusoidal varia- 
tion per unit time.” The time unit we will use is the second. For those readers with a 
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Figure 2.4 A sine wave. Here frequency is the number of times per second that a wave cycle (one peak 
and one trough) repeats at a given amplitude. In the figure, A is the amplitude and X is the wavelength, 
ir is 7r radians or 180°, and 2ir is the radian value at 360°. 



mathematical bent, if we plot y = sin x, where x is expressed in radians, a "sine wave” 
is developed, as shown in Figure 2.4. 

Figure 2.5 shows two sine waves; the left side illustrates a lower frequency and the 
right side shows a higher frequency. The amplitude , measured in this case as voltage, 
is the excursion, up or down, at any singular point. Amplitude expresses the intensity 
at that point. If we spoke of amplitude without qualifying it at some point, it would be 
the maximum excursion in the negative or positive direction (up or down). In this case 
it is 6 volts. If it is in the "down” direction, it would be -6 volts, based on Figure 2.5; 
and in the "up” direction it would be +6 volts. 




< 



(D) 



(b) 




Figure 2.5 A simple sine wave. Drawing a is a lower frequency and drawing b is a higher frequency. Note 
that the wavelength is shown traditionally as X (Greek letter lambda) and that a has a longer wavelength 
than b. 
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Frequency is an important aspect of music. For example, the key of A is 440 Hz 
and middle C is 263 Hz. Note that the unit of measurement of frequency used to be 
cycles per second (prior to 1963) and now the unit of measure is hertz (Hz), named 
for Heinrich Hertz, a German physicist credited with the discovery of radio waves. 
Simple sine waves can be produced in the laboratory with a signal generator, which 
is an electronic oscillator that can be tuned to different frequencies. An audio signal 
generator can be tuned to 263 Hz, middle C, and we can hear it if the generator output 
is connected to a loudspeaker. These are sound frequencies. 

When we listen to the radio on the AM broadcast band, we may listen to a talk show 
on WOR. at a frequency of 710 kHz (kilohertz, equal to 710,000 Hz). On the FM band 
in the Phoenix, AZ, area, we may tune to a classical music station, KBAQ, at 89.5 MHz 
(89,500,000 Hz). These are radio frequencies. 

Metric prefixes are often used, when appropriate, to express frequency, as illustrated 
in the preceding paragraph. For example, kilohertz (kHz), megahertz (MHz), and giga- 
hertz (GHz) are used for Hz x 1000, Hz x 1,000,000 and Hz x 1,000,000,000. Accord- 
ingly, 38.71 GHz is 38.710,000,000 Hz. 

Wavelength is conventionally measured in meters and is represented by the symbol 
X. It is defined as the distance between successive peaks or troughs of a sinusoidal wave 
(i.e., D in Fig. 2.5). Both sound and radio waves each travel with a certain velocity of 
propagation. Radio waves travel at 186,000 mi/sec in a vacuum, or 3 x 10 8 m/sec. 1 
If we multiply frequency in Hz times the wavelength in meters, we get a constant, the 
velocity of propagation. In a vacuum (or in free space): 

FX = 3 x 10 8 m/sec, (2.1) 

where F is measured in Hz and X is measured in meters (m). 



Example 1 . The international calling and distress frequency is 500 kHz. What is the 
equivalent wavelength in meters? 

500, 000X = 3 x 10 8 m/sec 
X = 3 x 10 s /5 x 10 5 
= 600 m. 



Example 2. A line-of-sight millimeter wave radio link operates at 38.71 GHz. 2 What 
is the equivalent wavelength at this frequency? 

38.71 x 10 9 X = 3 x 10 8 m/sec 

X = 3 x 10 s /38.71 x 10 9 
= 0.00775 m or 7.75 mm. 

iSound waves travel at 1076 ft/sec (331 m/sec) in air at 0°C and with 1 atmosphere of atmospheric pressure. 
However, our interest here is in radio waves, not sound waves. 

2 This is termed millimeter radio because wavelengths in this region are measured in millimeters (i.e., for 
frequencies above 30 GHz), rather than in centimeters or meters. 
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Figure 2.6 The radio frequency spectrum showing some frequency band assignments. 
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Figure 2.6 is an outline drawing of the radio frequency spectrum from nearly 0 
Hz to 100 GHz. The drawing shows several frequency bands assigned to specific ser- 
vices. 



2.3.3. 1. Introduction to Phase. The IEEE defines phase as “a relative measurement 
that describes the temporal relationship between two signals that have the same fre- 
quency.” We can plot a sine wave (representing a certain frequency) by the method 
shown in Figure 2.7, where the horizontal lines are continuation of points a, b, c, etc., 
and the vertical lines a', b', c', and so on, are equally spaced and indicate angular 
degrees of rotation. The intersection of lines a and a', b and b', and so forth, indicates 
points on the sine wave curve. 

To illustrate what is meant by phase relation , we turn to the construction of a sine 
wave using a circle, as shown in Figure 2.7. In the figure the horizontal scale (the 
abscissa) represents time and the vertical scale (the ordinate) represents instantaneous 
values of current or voltage. The complete curve shows values of current (or voltage) 
for all instants during one complete cycle. It is convenient and customary to divide the 
time scale into units of degrees rather than seconds, considering one complete cycle as 
being completed always in 360 degrees or units of time (regardless of the actual time 
taken in seconds). The reason for this convention becomes obvious from the method of 
constructing the sine wave, as shown in Figure 2.7, where, to plot the complete curve, 
we take points around the circumference of the circle through 360 angular degrees. It 
needs to be kept in mind that in the sense now used, the degree is a measure of time in 
terms of the frequency, not of an angle. 

We must understand phase and phase angle because those terms will be used in our 
discussions of modulation and of certain types of distortion that can limit the rate of 
transmitting information and/or corrupt a wanted signal (Ref. 2). 

An example of two signals of the same frequency, in phase and with different ampli- 
tudes, is illustrated in Figure 2.8 a. and another example of two signals of the same 
frequency and amplitude, but 180 degrees out of phase is shown in Figure 2.8 b. Note 
the use of 7 r in the figure, meaning 7r radians or 180°, 2ir radians or 360°. (See Appendix 
A, Section A. 9.) 
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(a) 




(b) 



Figure 2.8 Two signals of the same frequency: (a) with different amplitudes and in-phase; and ( b ) with 
the same amplitudes but 180° out of phase. 



2.4 ELECTRICAL SIGNALS 
2.4.1 Introduction to Transmission 

Transmission may be defined as the electrical transfer of a signal, message, or other 
form of intelligence from one location to another. Traditionally, transmission has been 
one of the two major disciplines of telecommunication. Switching is the other princi- 
pal specialty. Switching establishes a connection from user X to some distant user Y. 
Simplistically we can say that transmission is responsible for the transport of the signal 
from user X to user Y. In the old days of telephony these disciplines were separate, 
with strong demarcation between one and the other. Not so today. The demarcation line 
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is fast disappearing. For example, under normal circumstances in the PSTN, a switch 
provides network timing which is vital for digital transmission. 

What we have been dealing with so far is baseband transmission. This is the transmis- 
sion of a raw electrical signal described in Section 2.3.2. This type of baseband signal 
is very similar to the Is and Os transmitted electrically from a PC. Another type of base- 
band signal is the alternating current derived from the mouthpiece of a telephone handset 
(subset). Here the alternating current is an electrical facsimile of the voice soundwave 
impinging on the telephone microphone. 

Baseband transmission can have severe distance limitations. We will find that the 
signal can only be transmitted so far before being corrupted one way or another. For 
example, a voice signal transmitted from a standard telephone set over a fairly heavy 
copper wire pair (19 gauge) may reach a distant subset earpiece some 30 km or less 
distant before losing all intelligibility. This is because the signal strength is so very low 
that it becomes inaudible. 

To overcome this distance limitation we may turn to carrier or radio transmission. 
Both transmission types involve the generation and conditioning of a radio signal. Car- 
rier transmission usually (not always) implies the use of a conductive medium such 
as wire pair, coaxial cable, or fiber-optic cable to carry a radio or light-derived signal. 
Radio transmission always implies radiation of the signal in the form of an electromag- 
netic wave. We listen to the radio or watch television. These are received and displayed 
or heard as the result of the reception of radio signals. 



2.4.2 Modulation 

At the transmitting side of a telecommunication link a radio carrier is generated. The 
carrier is characterized by a frequency, described in Section 2.3.3. This single radio 
frequency carries no useful information for the user. Useful information may include 
voice, data, or image (typically facsimile or television). Modulation is the process of 
impinging that useful information on the carrier and demodulation is the recovery of 
that information from the carrier at the distant end near the destination user. 

The IEEE defines modulation as "a process whereby certain characteristics of a wave, 
often called the carrier, are varied or selected in accordance with a modulation function.” 
The modulating function is the information baseband described previously. 

There are three generic forms of modulation: 

1. Amplitude modulation (AM); 

2. Frequency modulation (FM); and 

3. Phase modulation (PM). 

Item 1 (amplitude modulation) is where a carrier is varied in amplitude in accordance 
with the information baseband signal. In the case of item 2 (frequency modulation), a 
carrier is varied in frequency in accordance with the baseband signal; and for item 3 
(phase modulation), a carrier is varied in its phase in accordance with the information 
baseband signal. 

Figure 2.9 graphically illustrates amplitude, frequency, and phase modulation. The 
modulating signal is a baseband stream of bits: Is and Os. We deal with digital trans- 
mission (e.g.. Is and Os) extensively in Chapters 6 and 10. 

Prior to 1960, all transmission systems were analog. Today, in the PSTN, all telecom- 
munication systems are digital, except for the preponderance of subscriber access lines. 
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Figure 2.9 Illustration of amplitude, frequency, and phase modulation, where the modulating signal is 
the binary digital sequence 00110100010, an electrical baseband signal. 



These are the subscriber loops described in Chapter 1 . Let us now distinguish and define 
analog and digital transmission. 

2.4.2.I. Analog Transmission. Analog transmission implies continuity, as contrasted 
with digital transmission, which is concerned with discrete states. Many signals can be 
used in either the analog or digital sense, the means of carrying the information being the 
distinguishing feature. The information content of an analog signal is conveyed by the 
value or magnitude of some characteristic(s) of the signal such as amplitude, frequency 
or a phase of a voltage, the amplitude or duration of a pulse, the angular position of a 
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shaft, or the pressure of a fluid. Typical analog transmissions are the signals we hear 
on AM and FM radio and what we see (and hear) on television. In fact, television is 
rather unique. The video itself uses amplitude modulation, the sound subcarrier uses 
frequency modulation, and the color subcarrier employs phase modulation. All are in 
analog formats. 

2A.2.2. Digital Transmission. The information content of a digital signal is con- 
cerned with discrete states of the signal, such as the presence or absence of a voltage 
(see Section 2.3.2), a contact is the open or closed position, or a hole or no hole in 
certain positions on a card or paper tape. The signal is given meaning by assigning 
numerical values or other information to the various combinations of the discrete states 
of the signal. We will be dealing extensively with digital transmission as the discussion 
in this text proceeds. 

2.4.3 Binary Digital Signals 

In Section 2.4.1, we defined a digital waveform as one that displayed discreteness. Sup- 
pose we consider the numbers 0 through 9. In one case only integer values are permitted 
in this range, no in-between values such as 3.761 or 8.07. This is digital, where we can 
only assign integer values between 0 and 9. These are discrete values. On the other 
hand, if we can assign any number value between 0 and 9, there could be an infinite 
number of values such as 7.01648754372100. This, then, is analog. We have continuity, 
no discreteness. 

Consider now how neat it would be if we had only two values in our digital system. 
Arbitrarily, we’ll call them a 1 and a 0. This is indeed a binary system, just two possible 
values. It makes the work of a decision circuit really easy. Such a circuit has to decide 
on just one of two possibilities. Look at real life: a light is on or it is off, two values: on 
and off. A car engine is running or not running, and so on. In our case of interest, we 
denominate one value a 1 and the other, a 0. We could have a condition where current 
flows and we’ll call that condition a 1; no current flowing we’ll call a 0. 3 

Of course, we are defining a binary system with a number base of 2. Our day-to-day 
numbers are based on a decimal number system where the number base is 10. 

The basic key in binary digital transmission is the bit. which is the smallest unit of 
information in the binary system of notation. It is the abbreviation of the term binary 
digit. It is a unit of information represented by either a “1” or a "0.” 

A 1 and a 0 do not carry much information, yet we do use just one binary digit in 
many applications. One of the four types of telephone signaling is called supervisory 
signaling. The only information necessary in this case is that the line is busy or it is 
idle. We may assign the idle state a 0 and the busy state a 1 . Another application where 
only a single binary digit is required is in built-in test equipment (BITE). In this case, 
we accept one of two conditions: (1) a circuit, module, or printed circuit board (PCB) is 
operational or (2) it is not. BITE automates the troubleshooting of electronic equipment. 

To increase the information capacity of a binary system is to place several bits (binary 
digits) contiguously together. For instance, if we have a 2-bit code, there are four possi- 
bilities: 00, 01, 10, and 11. A 3-bit code provides eight different binary sequences, each 
3 bits long. In this case we have 000, 001, 010, Oil, 100, 101, 110, and 111. We could 
assign letters of the alphabet to each sequence. There are only eight distinct possibilities 

3 The reader with insight will note an ambiguity here. We could reverse the conditions, making the 1 state 
a 0 and the 0 state a 1. We address this issue in Chapter 10. 
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so only eight letters can be accommodated. If we turn to a 4-bit code. 16 distinct binary 
sequences can be developed, each 4 bits long. A 5-bit code will develop 32 distinct 
sequences, and so on. 

As a result, we can state that for a binary code of length n, we will have 2" different 
possibilities. The American Standard Code for Information Interchange (ASCII) is a 
7-bit code (see Section 10.4), it will then have 2 7 or 128 binary sequence possibilities. 
When we deal with pulse code modulation (PCM) (Chapter 6), as typically employed 
on the PSTN, a time slot contains 8 bits. We know that an 8-bit binary code has 256 
distinct 8-bit sequences (i.e., 2 s = 256). 

Consider the following important definitions when dealing with the bit and binary 
transmission: Bit rate is defined as the number of bits (those Is and Os) that are trans- 
mitted per second. Bit error rate (BER) is the number of bit errors measured or expected 
per unit of time. Commonly the time unit is the second. An error, of course, is where 
a decision circuit declares a 1 when it was supposed to be a 0, or declares a 0 when it 
was supposed to be a 1 (Ref. 3). 



2.5 INTRODUCTION TO TRANSPORTING ELECTRICAL SIGNALS 

To transport electrical signals, a transmission medium is required. There are four types 
of transmission media: 

1. Wire pair; 

2. Coaxial cable; 

3. Fiber optic cable; and 

4. Radio. 

2.5.1 Wire Pair 

As one might imagine, a wire pair consists of two wires. The wires commonly use a 
copper conductor, although aluminum conductors have been employed. A basic impair- 
ment of wire pair is loss. Loss is synonymous with attenuation. Loss can be defined as 
the dissipation of signal strength as a signal travels along a wire pair, or any other trans- 
mission medium, for that matter. Loss or attenuation is usually expressed in decibels 
(dB). In Appendix C the reader will find a tutorial on decibels and their applications in 
telecommunications. 

Loss causes the signal power to be dissipated as a signal passes along a wire pair. 
Power is expressed in watts. For this application, the use of milliwatts may be more 
practical. If we denominate loss with the notation L dB , then: 



L dB = 101og(P,/P 2 ), (2.2) 

where Pi is the power of the signal where it enters the wire pair, and P 2 is the power 
level of the signal at the distant end of the wire pair. This is the traditional formula 
defining the decibel in the power domain (see Appendix C). 

Example 1 . Suppose a 10-mW (milliwatt) 1000-Hz signal is launched into a wire pair. 
At the distant end of the wire pair the signal is measured at 0.2 mW. What is the loss 
in dB on the line for this signal? 
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L dB = 101og(10/0.2) 

= 101og(50) 

= 17 dB. 

All logarithms used in this text are to the base 10. Appendix B provides a review of 
logarithms and their applications. 

The opposite of loss is gain. An attenuator is a device placed in a circuit to pur- 
posely cause loss. An amplifier does just the reverse, it gives a signal gain. An amplifier 
increases a signal’s intensity. We will use the following graphic symbol for an attenu- 
ator: 




and the following symbol for an amplifier: 




Wire-pair transmission suffers other impairments besides loss. One of these impair- 
ments is crosstalk. Most of us have heard crosstalk on our telephone line. It appears as 
another, “foreign” conversation having nothing to do with our telephone call. One basic 
cause of crosstalk is from other wire pairs sharing the same cable as our line. These 
other conversations are electrically induced into our line. To mitigate this impairment, 
physical twists are placed on each wire pair in the cable. Generally there are from 2 to 
12 twists per foot of wire pair. From this we get the term twisted pair. The figure below 
shows a section of twisted pair. 




Another impairment causes a form of delay distortion on the line, which is cumula- 
tive and varies directly with the length of the line as well as with the construction of 
the wire itself. It has little effect on voice transmission, but can place definition restric- 
tions on data rate for digital/data transmission on the pair. The impairment is due to the 
capacitance between one wire and the other of the pair, between each wire and ground, 
and between each wire and the shield, if a shield is employed. Delay distortion is covered 
in greater depth in Chapters 6 and 10. 
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2.5.1. 1. Capacitance. Direct current circuits are affected by resistance, whereas alter- 
nating current (ac) circuits, besides resistance, are affected by the properties of induc- 
tance and capacitance. In this subsection, we provide a brief description of capacitance. 
(Also see Appendix A, Section A.8.) 

Capacitance is somewhat analogous to elasticity. While a storage battery stores elec- 
tricity as another form of energy (i.e., chemical energy), a capacitor stores electricity in 
its natural state. An analogy of capacitance is a closed tank filled with compressed air. 
The quantity of air, since air is elastic, depends upon the pressure as well as the size or 
capacity of the tank. If a capacitor is connected to a direct source of voltage through 
a switch, as shown in Figure 2.10, and the switch is suddenly closed, there will be a 
rush of current in the circuit. 4 This current will charge the capacitor to the same voltage 
value as the battery, but the current will decrease rapidly and become zero when the 
capacitor is fully charged. 

Let us define a capacitor as two conductors separated by an insulator. A conductor 
conducts electricity. Certain conductors conduct electricity better than others. Platinum 
and gold are very excellent conductors, but very expensive. Copper does not conduct 
electricity as well as gold and platinum, but is much more cost-effective. An insulator 
carries out the opposite function of a conductor. It tends to prevent the flow of electricity 
through it. Some insulators are better than others regarding the conduction of electricity. 
Air is an excellent insulator. However, we well know that air can pass electricity if the 
voltage is very high. Consider lightning, for example. Other examples of insulators are 
bakelite, celluloid, fiber, formica, glass, lucite, mica, paper, rubber, and wood. 

The insulated conductors of every circuit, such as our wire pair, have to a greater or 
lesser degree this property of capacitance. The capacitance of two parallel open wires 
or a pair of cable conductors of any considerable length is appreciable in practice. 



2.5. 1.2. Bandwidth of a Twisted Pair. The usable bandwidth of a twisted wire pair 
varies with the type of wire pair used and its length. Ordinary wire pair used in the 
PSTN subscriber access plant can support 2 MHz over about 1 mile of length. Special 
Category-5 twisted pair displays 67 dB loss at 100 MHz over a length of 1000 feet. 



2.5. 1.3. Bandwidth Defined. The IEEE defines bandwidth as “the range of frequen- 
cies within which performance, with respect to some characteristic, falls within specific 
limits.” One such limit is the amplitude of a signal within the band. Here it is commonly 
defined at the points where the response is 3 dB below the reference value. This 3-dB 
power bandwidth definition is illustrated graphically in Figure 2.11. 



4 A capacitor is a device whose primary purpose is to introduce capacitance into a circuit. 
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Figure 2.11 The concept of the 3-dB power bandwidth. 



2.5.2 Coaxial Cable Transmission 

Up to this point we have been discussing two parallel conductors, namely, wire pair. An 
entirely different configuration of two conductors may be used to advantage where high 
and very high radio frequencies are involved. This is a coaxial configuration. Here the 
conducting pair consists of a cylindrical tube with a single wire conductor going down 
its center, as shown in Figure 2.12. In practice, the center conductor is held in place 
accurately by a surrounding insulating material, which may take the form of a solid 
core, discs, or beads strung along the axis of the wire or a spirally wrapped string. The 
nominal impedance is 75 ohms, and special cable is available with a 50-ohm imped- 
ance. 

Impedance can be defined as the combined effect of a circuit’s resistance, inductance, 
and capacitance taken as a single property, and is expressed in ohms (Q ) for any given 
sine wave frequency. Further explanation of impedance will be found in Appendix A. 

From about 1953 to 1986 coaxial cable was widely deployed for long-distance, mul- 
tichannel transmission. Its frequency response was exponential. In other words, its loss 
increased drastically as frequency was increased. For example, for 0.375-inch coaxial 
cable, the loss at 100 kHz was about 1 dB and about 12 dB at 10 MHz. Thus, equal- 
ization was required. Equalization tends to level out the frequency response. With the 
advent of fiber optic cable, with its much greater bandwidth and comparatively flat fre- 
quency response, the use of coaxial cable on long-distance circuits fell out of favor. It 
is still widely used as an RF (radio frequency) transmission line connecting a radio to 
its antenna. It is also extensively employed in cable television plants, especially in the 
“last mile” or “last 100 feet.” 




Figure 2.12 A pictorial representation of a coaxial cable section. 
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2.5.3 Fiber-Optic Cable 

Fiber optic cable is the favored transmission medium for very wideband terrestrial links, 
including undersea applications. It is also used for cable television “super trunks.” The 
bandwidth of a fiber optic strand can be measured in terahertz (THz). In fact, the whole 
usable radio frequency spectrum can be accommodated on just one such strand. Such 
a strand is about the diameter of a human hair. It can carry one serial bit stream at 10 
Gbps (gigabits per second) transmission rate, or by wave division multiplexing (WDM) 
methods, an aggregate of 100 Gbps or more. Fiber optic transmission will be discussed 
further in Chapter 9. 

Fiber optic systems can be loss limited or dispersion limited. If a fiber optic link is 
limited by loss, it means that as the link is extended in distance the signal has dissipated 
so much that it becomes unusable. The maximum loss that a link can withstand and still 
operate satisfactorily is a function of the type of fiber, wavelength of the light signal, 
the bit rate and error rate, signal type (e.g., TV video), power output of the light source 
(transmitter), and the sensitivity of the light detector (receiver). 5 

Dispersion limited means that a link’s length is limited by signal corruption. As a 
link is lengthened, there may be some point where the bit error rate (BER) becomes 
unacceptable. This is caused by signal energy of a particular pulse that arrives later than 
other signal energy of the same pulse. There are several reasons why energy elements 
of a single light pulse may become delayed, compared with other elements. One may be 
that certain launched modes arrive at the distant end before other modes. Another may 
be that certain frequencies contained in a light pulse arrive before other frequencies. In 
either case, delayed power spills into the subsequent bit position, which can confuse the 
decision circuit. The decision circuit determines whether the pulse represented a 1 or a 
0. The higher the bit rate, the worse the situation becomes. Also, the delay increases as 
a link is extended. 

The maximum length of fiber optic links range from 20 miles (32 km) to several 
hundred miles (km) before requiring a repeater. This length can be extended by the 
use of amplifiers and/or repeaters, where each amplifier can impart 20 to 40 dB gain. A 
fiber optic repeater detects, demodulates, and then remodulates a light transmitter. In the 
process of doing this, the digital signal is regenerated. A regenerator takes a corrupted 
and distorted digital signal and forms a brand new, nearly perfect digital signal. 

A simplified model of a fiber optic link is illustrated in Figure 2.13. In this figure, the 
driver conditions the electrical baseband signal prior to modulation of the light signal; 
the optical source is the transmitter where the light signal is generated and modulated; 
the fiber optic transmission medium consists of a fiber strand, connectors, and splices; 
the optical detector is the receiver, where the light signal is detected and demodulated; 
and the output circuit conditions the resulting electrical baseband signal for transmission 
to the electrical line (Ref. 3). A more detailed discussion of fiber optic systems will be 
found in Chapter 9. 

2.5.4 Radio Transmission 

Up to now we have discussed guided transmission. The signal is guided or conducted down 
some sort of a "pipe." The "pipes” we have covered included wire pair, coaxial cable, and 
fiber optic cable. Radio transmission, on the other hand, is based on radiated emission. 

5 In the world of fiber optics, wavelength is used rather than frequency. We can convert wavelength to 
frequency using Eq. (2.1). One theory is that fiber optic transmission was developed by physicists who 
are more accustomed to wavelength than frequency. 
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Figure 2.13 A simplified model of a fiber optic link. 



The essential elements of any radio system are: (1) a transmitter for generating and 
modulating a "high-frequency” carrier wave with an information baseband 6 ; (2) a trans- 
mitting antenna that will radiate the maximum amount of signal energy of the modulated 
carrier in the desired direction; (3) a receiving antenna that will intercept the maximum 
amount of the radiated energy after its transmission through space; and (4) a receiver 
to select the desired carrier wave, amplify the signal, detect it, or separate the signal 
from the carrier. Although the basic principles are the same in all cases, there are many 
different designs of radio systems. These differences depend upon the types of signals 
to be transmitted, type of modulation (AM, FM, or PM or a hybrid), where in the fre- 
quency spectrum (see Figure 2.6) in which transmission is to be affected, and licensing 
restrictions. Figure 2.14 is a generalized model of a radio link. 

The information-transport capacity of a radio link depends on many factors. The first 
factor is the application. The following is a brief list of applications with some relevant 
RF bandwidths: 

• Line-of-sight microwave, depending on the frequency band: 2, 5, 10, 20, 30, 40, 
or 60 MHz; 

• SCADA (system control and data acquisition): up to 12 kHz in the 900-MHz band; 

• Satellite communications, geostationary satellites: 500-MHz or 2.5-GHz band- 
widths broken down into 36-MHz and 72-MHz segments; 

• Cellular radio: 25-MHz bandwidth in the 800/900-MHz band; the 25-MHz band 
is split into two 12.5-MHz segments for two competitive providers; 

• Personal communication services (PCS): 200-MHz band just below 2.0 GHz, bro- 
ken down into various segments such as licensed and unlicensed users; 

• Cellular/PCS by satellite (e.g.. Iridium, Globalstar); 10.5-MHz bandwidth in the 
1600-MHz band; and 

• Local multipoint distribution system (LMDS) in 28/38-GHz bands; 1.2-GHz band- 
width for CATV, Internet, data, and telephony services (Ref. 3). 

6 “High-frequency” takes on the connotation in the context of this book of any signal from 400 MHz to 100 
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Figure 2.14 A generic model of a typical radio link. 



Bandwidth is also determined by the regulating authority (e.g., the FCC in the United 
States) for a particular service/application. Through bit packing techniques, described 
in Chapter 9, the information-carrying capacity of a unit of bandwidth is considerably 
greater than 1 bit per Hz of bandwidth. On line-of-sight microwave systems, 5, 6, 7, 
and 8 bits per Hz of bandwidth are fairly common. Chapter 9 provides a more detailed 
discussion of radio systems. 



REVIEW EXERCISES 

1. Name at least four different ways of communicating at a distance prior to the 
advent of electrical communication. 

2. What kind of energy is stored in a battery? 

3. How did the old electric telegraph communicate intelligence? 
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4. What limited the distance we could transmit with electrical telegraph before using 
a repeater? Give at least two ways we could extend the distance. 

5. How could that old-time electrical telegraph operate with just one wire? 

6. Name at least four ways we might characterize a “sine wave,” either partially or 
wholly. 

7. What is the equivalent wavelength (X) of 850 MHz? of 7 GHz? 

8. What angle (in degrees) is equivalent to 3ir/27 it/4'1 

9. Give two examples of baseband transmission. 

10. Define modulation. 

11. What are the three generic forms of modulation? What popular device we find in 
the home utilizes all three types of modulation simultaneously. Hint: The answer 
needs a modifier in front of the word. 

12. Differentiate an analog signal from a digital signal. 

13. Give at least four applications of a 1-bit code. Use your imagination. 

14. What is the total capacity of a 9-bit binary code? The Hollerith code was a 12-bit 
code. What was its total capacity? 

15. Name four different transmission media. 

16. What is the opposite of loss' ? What is the most common unit of measurement to 
express the amount of loss? 

17. What is the reason for twists in twisted pair? 

18. What is the principal cause of data rate limitation on wire pair? 

19. What is the principal drawback of using coaxial cable for long-distance transmis- 
sion? 

20. What is the principal, unbeatable advantage of fiber optic cable? 

21. Regarding limitation of bit rate and length, a fiber optic cable may be either 

or ? 

22. Explain dispersion (with fiber optic cable). 

23. What are some typical services of LMDS? 
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QUALITY OF SERVICE AND 
TELECOMMUNICATION IMPAIRMENTS 



3.1 OBJECTIVE 

Quality of service (QoS) was introduced in Section 1.4. In this chapter we will be more 
definitive in several key areas. There are a number of generic impairments that will 
directly or indirectly affect quality of service. An understanding of these impairments 
and their underlying causes is extremely important if one wants to grasp the entire pic- 
ture of a telecommunication system. 



3.2 QUALITY OF SERVICE: VOICE, DATA, AND IMAGE 
3.2.1 Introduction to Signal-to-Noise Ratio 

Signal-to-noise ratio (S/N or SNR) is the most widely used parameter for measurement 
of signal quality in the field of transmission. Signal-to-noise ratio expresses in decibels 
the amount by which signal level exceeds the noise level in a specified bandwidth. 

As we review the several types of material to be transmitted on a network, each will 
require a minimum S/N to satisfy the user or to make a receiving instrument function 
within certain specified criteria. The following are S/N guidelines at the corresponding 
receiving devices: 

Voice: 40 dB; 

Video (TV): 45 dB; 

Data: -15 dB, based upon the modulation type and specified error performance. 

To illustrate the concept of S/N, consider Figure 3.1. This oscilloscope presentation 
shows a nominal analog voice channel (300-3400 Hz) with a 1000-Hz test signal. The 
vertical scale is signal power measured in dBm (see Appendix C for a tutorial on dBs), 
and the horizontal scale is frequency, 0 Hz to 3400 Hz. The S/N as illustrated is 10 dB. 
We can derive this by inspection or by reading the levels on the oscilloscope presenta- 
tion. The signal level is +15 dBm; the noise is +5 dBm, then: 

( S/N), ns = level( S ig na ii nc iBm) — !cvcl (nmse Hl dB m ) (3.1) 
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Hz 

Figure 3.1 Signal-to-noise ratio. 



Inserting the values given in the oscilloscope example, we have: 

S/N = +15 dBm -(+5 dBm) 

= 10 dB. 

This expression is set up as shown because we are dealing with logarithms (see 
Appendix B). When multiplying in the domain of logarithms, we add. When divid- 
ing, we subtract. We are dividing because on the left side of the equation we have S/N 
or S divided by N. 

Signal-to-noise ratio really has limited use in the PSTN for characterizing speech 
transmission because of the "spurtiness” of the human voice. We can appreciate that 
individual talker signal power can fluctuate widely so that the S/N ratio is far from 
constant during a telephone call and from one telephone call to the next. In lieu of actual 
voice, we use a test tone to measure level and S/N. A test tone is a single frequency, 
usually around 800 or 1000 Hz, generated by a signal generator and inserted in the 
voice channel. The level of the tone (often measured in dBm) can be easily measured 
with the appropriate test equipment. Such a tone has constant amplitude and no silent 
intervals, which is typical of voice transmission (Ref. 3). 



3.2.2 Voice Transmission 

3.2.2.I. Loudness Rating and Its Predecessors. Historically, on telephone con- 
nections, the complaint has been that the distant talker’s voice was not loud enough 
at the receiving telephone. "Hearing sufficiently well” on a telephone connection is a 
subjective matter. This is a major element of QoS. Various methods have been derived 
over the years to rate telephone connections regarding customer satisfaction. 

The underlying cause of low signal level is loss across the network. Any method 
to measure “hearing sufficiently well” should incorporate intervening losses on a tele- 
phone connection. As discussed in Chapter 2, losses are conventionally measured in dB. 
Thus the unit of measure of “hearing sufficiently well” is the decibel. From the present 
method of measurement we derive the loudness rating, abbreviated LR. It had several 
predecessors: reference equivalent and corrected reference equivalent. 
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3.2.2.2. Reference Equivalent. The reference equivalent value, called the overall ref- 
erence equivalent (ORE), was indicative of how loud a telephone signal is. How loud is 
a subjective matter. Given a particular voice level, for some listeners it would be satis- 
factory, others unsatisfactory. The ITU in Geneva brought together a group of telephone 
users to judge telephone loudness. A test installation was set up made up of two stan- 
dard telephone subsets, a talker’s simulated subscriber loop and a listener’s simulated 
loop. An adjustable attenuating network was placed between the two simulated loops. 
The test group, on an individual basis, judged level at the receiving telephone earpiece. 
At a 6-dB setting of the attenuator or less, calls were judged too loud. Better than 99% 
of the test population judged calls to be satisfactory with an attenuator setting of 16 
dB; 80% rated a call satisfactory with an ORE 36 dB or better, and 33.6% of the test 
population rated calls with an ORE of 40 dB as unsatisfactory, and so on. 

Using a similar test setup, standard telephone sets of different telephone administra- 
tions (countries) could be rated. The mouthpiece (transmitter) and earpiece (receiver) 
were rated separately and given a dB value. The dB value was indicative of their work- 
ing better or worse than the telephones used in the ITU laboratory. The attenuator setting 
represented the loss in a particular network connection. To calculate overall reference 
equivalent (ORE) we summed the three dB values (i.e., the transmit reference equivalent 
of the telephone set, the intervening network losses, and the receive reference equivalent 
of the same type subset). 

In one CCITT recommendation, 97% of all international calls were recommended to 
have an ORE of 33 dB or better. It was found that with this 33-dB value, less than 10% 
of users were unsatisfied with the level of the received speech signal. 

3.2.2. 3. Corrected Reference Equivalent. Because difficulties were encountered in 
the use of reference equivalents, the ORE was replaced by the corrected reference equiv- 
alent (CRE) around 1980. The concept and measurement technique of the CRE was 
essentially the same as RE (reference equivalent) and the dB remained the measure- 
ment unit. CRE test scores varied somewhat from its RE counterparts. Less than 5 dB 
(CRE) was too loud; an optimum connection had an RE value of 9 dB and a range from 
7 dB to 1 1 dB for CRE. For a 30-dB value of CRE, 40% of a test population rated the 
call excellent, whereas 15% rated it poor or bad. 

3.2.2.4. Loudness Rating. Around 1990 the CCITT replaced corrected reference 
equivalent with loudness rating. The method recommended to determine loudness rating 
eliminates the need for subjective determinations of loudness loss in terms of corrected 
reference equivalent. The concept of overall loudness loss (OLR) is very similar to the 
ORE concept used with reference equivalent. 

Table 3.1 gives opinion results for various values of OLR in dB. These values are 
based upon representative laboratory conversation test results for telephone connections 
in which other characteristics such as circuit noise have little contribution to impair- 
ment. 

3.2. 2. 4. 1 Determination of Loudness Rating. The designation with notations of loud- 
ness rating concept for an international connection is given in Figure 3.2. It is assumed 
that telephone sensitivity, both for the earpiece and microphone, have been measured. 
OLR is calculated using the following formula: 



OLR = SLR + CLR + RLR. 



(3.2) 
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Table 3.1 Overall Loudness Rating Opinion Results 



Overall Loudness 
Rating (dB) 


Representative Opinion Results 3 


Percent 

“Good plus Excellent” 


Percent 

“Poor plus Bad” 


5-15 


<90 


<1 


20 


80 


4 


25 


65 


10 


30 


45 


20 



a Based on opinion relationship derived from the transmission quality index (see 
Annex A, ITU-T Rec. P.11). 

Source: ITU-T Rec. P.11, Table 1/P.11, p. 2, Helsinki. 3/93. 



The measurement units in Eq. (3.2) are dB. 

OLR is defined as the loudness loss between the speaking subscriber’s mouth and the 
listening subscriber's ear via a telephone connection. The send loudness rating (SLR) 
is defined as the loudness loss between the speaking subscriber's mouth and an elec- 
trical interface in the network. The receive loudness rating (RLR) is the loudness loss 
between an electrical interface in the network and the listening subscriber’s ear. The 
circuit loudness rating (CLR) is the loudness loss between two electrical interfaces in a 
connection or circuit, each interface terminated by its nominal impedance (Refs. 1 , 2). 



3.2.3 Data Circuits 

Bit error rate (BER) is the underlying QoS parameter for data circuits. BER is not sub- 
jective; it is readily measurable. Data users are very demanding of network operators 
regarding BER. If a network did not ever carry data, BER requirements could be much 
less stringent. CCITT/ITU-T recommends a BER of 1 x 1CT 6 for at least 80% of a 
month. 1 Let us assume that these data will be transported on the digital network, typi- 
cal of a PSTN. Let us further assume that conventional analog modems are not used, 
and the data is exchanged bit for bit with “channels" on the digital network. Thus, the 
BER of the data reflects the BER of the underlying digital channel that is acting as its 
transport. BERs encountered on digital networks in the industrialized/postindustrialized 



National 



International 



National 
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system 


system 


system 
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SLR | 


CLR 


j RLR 
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CLR Circuit loudness rating 
OLR Overall loudness rating 
RLR Receive loudness rating 
SLR Send loudness rating 



Figure 3.2 Designation of LRs in an international connection. 



'See CCITT Rec. G.821. 
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nations are far improved, some attaining an end-to-end BER of 5 x 10“ 10 . Thus the 
data being transported can expect a similar BER. The genesis of frame relay, discussed 
in Chapter 10, is based on the premise that these excellent BERs can be expected. 

3.2.4 Video (Television) 

Television picture quality is subjective to the viewer. It is based on the S/N of the 
picture channel. The S/N values derived from two agencies are provided below. The 
TASO (Television Allocations Study Organization) ratings follow: 



TASO Picture Rating 

Quality S/N 



1 . Excellent (no perceptible snow) 45 dB 

2. Fine (snow just perceptible) 35 dB 

3. Passable (snow definitely perceptible but not objectionable) 29 dB 

4. Marginal (snow somewhat objectionable) 25 dB 



Snow is the visual perception of high levels of thermal noise typical with poorer S/N values. 

CCIR developed a five-point scale for picture quality versus impairment. This scale 
is shown in the table below: 



CCIR Five Grade Scale 



Quality 



Impairment 



5. Excellent 
4. Good 
3. Fair 
2. Poor 
1. Bad 



5. Imperceptible 
4. Perceptible, but not annoying 
3. Slightly annoying 
2. Annoying 
1. Very annoying 



Later CCIR/ITU-R documents steer clear of assigning S/N to such quality scales. In 
fact, when digital compression of TV is employed, the use of S/N to indicate picture 
quality is deprecated. 



3.3 THREE BASIC IMPAIRMENTS AND HOW THEY AFFECT THE END-USER 

There are three basic impairments found in all telecommunication transmission systems. 
These are: 

1. Amplitude (or attenuation) distortion; 

2. Phase distortion; and 

3. Noise. 

3.3.1 Amplitude Distortion 

The IEEE defines attenuation distortion (amplitude distortion) as the change in attenua- 
tion at any frequency with respect to that of a reference frequency. For the discussion in 
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Figure 3.3 Typical attenuation distortion across a voice channel bandpass filter. Cross-hatched areas 
are response specifications, whereas the wavy line is the measured response. 



this section, we'll narrow the subject to the (analog) voice channel. In most cases a user 
is connected, through his/her metallic subscriber loop, to the local serving exchange. 
This circuit is analog. Based upon the CCITT definition, the voice channel occupies the 
band from 300 Hz to 3400 Hz. We call this the passband. 

Attenuation distortion can be avoided if all frequencies within the passband are sub- 
jected to the same loss (or gain). Whatever the transmission medium, however, some 
frequencies are attenuated more than others. Filters are employed in most active circuits 
(and in some passive circuits) and are major causes of attenuation distortion. Figure 3.3 
is a response curve of a typical bandpass filter with voice channel application. 

As stated in our definition, amplitude distortion across the voice channel is measured 
against a reference frequency. CCITT recommends 800 Hz as the reference; in North 
America the reference is 1000 Hz. 2 Let us look at some ways attenuation distortion may 
be stated. For example, one European requirement may state that between 600 Hz and 
2800 Hz the level will vary no more than -1 to +2 dB, where the plus sign means more 
loss and the minus sign means less loss. Thus if an 800-Hz signal at -10 dBm is placed 
at the input of the channel, we would expect - 10 dBm at the output (if there were no 
overall loss or gain), but at other frequencies we can expect a variation at the output 
of -1 to +2 dB. For instance, we might measure the level at the output at 2500 Hz at 
-11.9 dBm and at 1100 Hz at -9 dBm. 

When filters or filterlike devices are placed in tandem, attenuation distortion tends to 
sum. 3 Two identical filters degrade attenuation distortion twice as much as just one filter. 

3.3.2 Phase Distortion 

We can look at a voice channel as a band-pass filter. A signal takes a finite time to 
pass through the telecommunication network. This time is a function of the velocity 

2 Test frequencies of 800-Hz and 1000-Hz are not recommended if the analog voice channel terminates into 
the digital network. In this case CCITT and Bellcore recommend 1020 Hz. The reason for this is explained 
in Chapter 6. 

3 Any signal-passing device, active or passive, can display filterlike properties. A good example is a subscriber 
loop, particularly if it has load coils and bridged taps. Load coils and bridged taps are discussed in 
Chapter 5. 




3.3 THREE BASIC IMPAIRMENTS AND HOW THEY AFFECT THE END-USER 49 




of propagation for the medium and, of course, the length of the medium. The value 
can vary from 10,000 mi/sec (16,000 k/sec) to 186,000 mi/sec (297,600 km/sec). The 
former value is for heavily loaded subscriber pair cable. 4 This latter value is the velocity 
of propagation in free space, namely, radio propagation. 

The velocity of propagation also tends to vary with frequency because of the elec- 
trical characteristics associated with the network. Again, the biggest culprit is filters. 
Considering the voice channel, therefore, the velocity of propagation tends to increase 
toward band center and decrease toward band edge. This is illustrated in Figure 3.4. 

The finite time it takes a signal to pass through the total extension of the voice channel 
or through any network is called delay. Absolute delay is the delay a signal experiences 
while passing through the channel end-to-end at a reference frequency. But we have 
learned that propagation time is different for different frequencies with the wavefront 
of one frequency arriving before the wavefront of another frequency in the passband. A 
modulated signal will not be distorted on passing through the channel if the phase shift 
changes uniformly with frequency, whereas if the phase shift is nonlinear with respect 
to frequency, the output signal is distorted with respect to frequency. 

In essence, we are dealing with phase linearity of a circuit. If the phase-frequency 
relationship over a passband is not linear, phase distortion will occur in the transmitted 
signal. Phase distortion is often measured by a parameter called envelope delay distor- 
tion (EDD). Mathematically, EDD is the derivative of the phase shift with respect to 
frequency. The maximum variation in the envelope over a band of frequencies is called 
envelope delay distortion. Therefore EDD is always a difference between the envelope 
delay at one frequency and that at another frequency of interest in the passband. It 
should be noted that envelope delay is often defined the same as group delay — which 
is the ratio of change, with angular frequency, of phase shift between two points in the 
network (Ref. 2). 5 

4 Wire-pair loading is discussed in Chapter 5. 

5 Angular frequency and just the term frequency are conceptually the same for this text. Actually, angular 
frequency is measured in radians per second. There are 27t radians in 1 Hz. 
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Figure 3.4 shows that absolute delay is minimum around 1700 Hz and 1800 Hz in 
the voice channel. The figure also shows that around 1700 Hz and 1800 Hz, envelope 
delay distortion is flattest. 6 It is for this reason that so many data modems use 1700 
Hz or 1800 Hz for the characteristic tone frequency, which is modulated by the data. 
A data modem is a device that takes the raw electrical baseband data signal and makes 
it compatible for transmission over the voice channel. 

This brings up an important point. Phase distortion (or EDD) has little effect on 
speech communications over the telecommunications network. However, regarding data 
transmission, phase distortion is the greatest bottleneck for data rate (i.e., the number 
of bits per second that a channel can support). It has probably more effect on limiting 
data rate that any other parameter (Ref. 3). 

3.3.3 Noise 

3. 3. 3.1. General. Noise, in its broadest definition, consists of any undesired signal in 
a communication circuit. The subject of noise and noise reduction is probably the most 
important single consideration in transmission engineering. It is the major limiting factor 
in overall system performance. For our discussion in this text, noise is broken down into 
four categories: 

1. Thermal noise; 

2. Intermodulation noise; 

3. Impulse noise; and 

4. Crosstalk. 

3. 3.3.2. Thermal Noise. Thermal noise occurs in all transmission media and all com- 
munication equipment, including passive devices such as waveguide. It arises from ran- 
dom electron motion and is characterized by a uniform distribution of energy over the 
frequency spectrum with a Gaussian distribution of levels. 

Gaussian distribution tells us that there is statistical randomness. For those of you 
who have studied statistics, this means that there is a “normal" distribution with standard 
deviations. Because of this, we can develop a mathematical relationship to calculate 
noise levels given certain key parameters. 

Every equipment element and the transmission medium itself contributes thermal 
noise to a communication system if the temperature of that element or medium is above 
absolute zero on the Kelvin temperature scale. Thermal noise is the factor that sets the 
lower limit of sensitivity of a receiving system and is often expressed as a temperature, 
usually given in units referred to absolute zero. These units are called kelvins (K), not 
degrees. 

Thermal noise is a general term referring to noise based on thermal agitations of 
electrons. The term "white noise" refers to the average uniform spectral distribution 
of noise energy with respect to frequency. Thermal noise is directly proportional to 
bandwidth and noise temperature. 

We turn to the work of the Austrian scientist, Ludwig Boltzmann, who did landmark 
work on the random motion of electrons. From Boltzmann's constant, we can write 
a relationship for the thermal noise level (P n ) in 1 Hz of bandwidth at absolute zero 
(Kelvin scale) or 



6 “Flattest” means that there is little change in value. The line is flat, not sloping. 
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P n = -228.6 dBW per Hz of bandwidth for a perfect receiver at absolute zero. (3.3a) 
At room temperature (290 K or 17°C) we have: 

P n = -204 dBW per Hz of bandwidth for a perfect receiver. (3.3b) 



or 



= -174 dBm/Hz of bandwidth for a perfect receiver. 

A perfect receiver is a receiving device that contributes no thermal noise to the com- 
munication channel. Of course, this is an idealistic situation that cannot occur in real 
life. It does provide us a handy reference, though. The following relationship converts 
Eq. (3.3b) for a real receiver in a real-life setting. 

P n = -204 dBW/Hz + NF dB + 10 log B, (3.4) 

where B is the bandwidth of the receiver in question. The bandwidth must always be 
in Hz or converted to Hz. 

NF is the noise figure of the receiver. It is an artifice that we use to quantify the 
amount of thermal noise a receiver (or any other device) injects into a communication 
channel. The noise figure unit is the dB. 

An example of application of Eq. (3.4) might be a receiver with a 3-dB noise figure 
and a 10-MHz bandwidth. What would be the thermal noise power (level) in dBW of 
the receiver? Use Eq. (3.4). 

P n = -204 dBW/Hz + 3 dB + 101og(10 x 10 6 ) 

= -204 dBW/Hz + 3 dB + 70 dB 
= -131 dBW. 

3. 3.3. 3. Intermodulation Noise. Intermodulation (IM) noise is the result of the pres- 
ence of intermodulation products. If two signals with frequencies Fi and F 2 are passed 
through a nonlinear device or medium, the result will contain IM products that are spu- 
rious frequency energy components. These components may be present either inside 
and/or outside the frequency band of interest for a particular device or system. IM 
products may be produced from harmonics of the desired signal in question, either as 
products between harmonics, or as one of the basic signals and the harmonic of the 
other basic signal, or between both signals themselves. 7 The products result when two 
(or more) signals beat together or “mix.” These products can be sums and/or differ- 
ences. Look at the mixing possibilities when passing Fj and F 2 through a nonlinear 
device. The coefficients indicate the first, second, or third harmonics. 

• Second-order products Fj ± F 2 ; 

• Third-order products 2Fi ± F 2 ; 2F 2 ± Fj; and 

• Fourth-order products 2F[ ± 2F 2 ; 3Fi ± F 2 . . . . 



7 A harmonic of a certain frequency F can be 2F (twice the value of F), 3F, 4F, 5F, and so on. It is an integer 
multiple of the basic frequency. 
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Devices passing multiple signals simultaneously, such as multichannel radio equipment, 
develop IM products that are so varied that they resemble white noise. Intermodulation 
noise may result from a number of causes: 

• Improper level setting. If the level of an input to a device is too high, the device 
is driven into its nonlinear operating region (overdrive). 

• Improper alignment causing a device to function nonlinearly. 

• Nonlinear envelope delay. 

• Device malfunction. 

To summarize, IM noise results from either a nonlinearity or a malfunction that has 
the effect of nonlinearity. The causes(s) of IM noise is (are) different from that of thermal 
noise. However, its detrimental effects and physical nature can be identical with those 
of thermal noise, particularly in multichannel systems carrying complex signals. 

3.3. 3. 4. Impulse Noise. Impulse noise is noncontinuous, consisting of irregular pulses 
or noise spikes of short duration and of relatively high amplitude. These spikes are often 
called hits, and each spike has a broad spectral content (i.e., impulse noise smears 
a broad frequency bandwidth). Impulse noise degrades voice telephony usually only 
marginally, if at all. However, it may seriously degrade error performance on data or 
other digital circuits. The causes of impulse noise are lightning, car ignitions, mechani- 
cal switches (even light switches), flourescent lights, and so on. Impulse noise will be 
discussed in more detail in Chapter 10. 

3. 3.3. 5. Crosstalk. Crosstalk is the unwanted coupling between signal paths. There 
are essentially three causes of crosstalk: 

1 . Electrical coupling between transmission media, such as between wire pairs on a 
voice-frequency (VF) cable system and on digital (PCM) cable systems; 

2. Poor control of frequency response (i.e., defective filters or poor filter design); 
and 

3. Nonlinear performance in analog frequency division multiplex (FDM) system. 

Excessive level may exacerbate crosstalk. By “excessive level” we mean that the level 
or signal intensity has been adjusted to a point higher than it should be. In telephony 
and data systems, levels are commonly measured in dBm. In cable television systems 
levels are measured as voltages over a common impedance (75 0). See the discussion 
of level in Section 3.4. 

There are two types of crosstalk: 

1. Intelligible, where at least four words are intelligible to the listener from extrane- 
ous conversation! s) in a seven-second period; and 

2. Unintelligible, crosstalk resulting from any other form of disturbing effects of one 
channel on another. 

Intelligible crosstalk presents the greatest impairment because of its distraction to the 
listener. Distraction is considered to be caused either by fear of loss of privacy or pri- 
marily by the user of the primary line consciously or unconsciously trying to understand 
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what is being said on the secondary or interfering circuits; this would be true for any 
interference that is syllabic in nature. 

Received crosstalk varies with the volume of the disturbing talker, the loss from the 
disturbing talker to the point of crosstalk, the coupling loss between the two circuits 
under consideration, and the loss from the point of crosstalk to the listener. The most 
important of these factors for this discussion is the coupling loss between the two circuits 
under consideration. Also, we must not lose sight of the fact that the effects of crosstalk 
are subjective, and other factors have to be considered when crosstalk impairments are 
to be measured. Among these factors are the type of people who use the channel, the 
acuity of listeners, traffic patterns, and operating practices (Ref. 4). 



3.4 LEVEL 

Level is an important parameter in the telecommunications network, particularly in the 
analog network or in the analog portion of a network. In the context of this book when 
we use the word level, we mean signal magnitude or intensity. Level could be compar- 
ative. The output of an amplifier is 30 dB higher than the input. But more commonly, 
we mean absolute level, and in telephony it is measured in dBm (decibels referenced to 
1 milliwatt) and in radio systems we are more apt to use dBW (decibels referenced to 
1 watt). Television systems measure levels in voltage, commonly the dBmV (decibels 
referenced to 1 millivolt). 

In the telecommunication network, if levels are too high, amplifiers become over- 
loaded, resulting in increases in intermodulation noise and crosstalk. If levels are too 
low, customer satisfaction suffers (i.e., loudness rating). In the analog network, level 
was a major issue; in the digital network, somewhat less so. 

System levels are used for engineering a communication system. These are usually 
taken from a level chart or reference system drawing made by a planning group or as a 
part of an engineered job. On the chart, a 0 TLP (zero test level point) is established. A 
TLP is a location in a circuit or system at which a specified test-tone level is expected 
during alignment. A 0 TLP is a point at which the test-tone level should be 0 dBm. 
A test tone is a tone produced by an audio signal generator, usually 1020 Hz. Note 
that these frequencies are inside the standard voice channel which covers the range of 
300-3400 Hz. In the digital network, test tones must be applied on the analog side. 
This will be covered in Chapter 6. 

From the 0 TLP other points may be shown using the unit dBr (decibel reference). 
A minus sign shows that the level is so many decibels below reference and a plus sign, 
above. The unit dBmO is an absolute unit of power in dBm referred to the 0 TLP. The 
dBm can be related to the dBr and dBmO by the following formula: 

dBm = dBmO + dBr. (3.5) 

For instance, a value of -32 dBm at a -22 dBr point corresponds to a reference level of 
- 10 dBmO. A - 10-dBm0 signal introduced at the 0-dBr point (0 TLP) has an absolute 
signal level of -10 dBm (Ref. 5). 

3.4.1 Typical Levels 

Earlier measurements of speech level used the unit of measure VU, standing for volume 
unit. For a 1000-Hz sinusoid signal (simple sine wave signal), 0 VU = 0 dBm. When 




